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SYMPOSIUM ON MUSICAL INSTRUMENTS 


1. The Muscial Scale and Its Tuning, WILLIAM BRAID WuiTtE, Ameri- 
can Steel and Wire Company (30 minutes). 


The accepted system of tuning divides the octave into a succession of twelve tones, of 
which the frequency relations are such that if n be any tone 
nin+1=1:2!/, 
from which also it follows that 
n:n+12=1:2 
This system, however, is purely artificial and was adopted in the eighteenth century in 
order to effect a practical compromise between the growing demand for freedom of tonal com- 
bination, and the limitations of a keyboard which had fastened itself upon practical musical 
performance. The paper discusses the nature of the musical scale and the anomalies which 
arise when an attempt is made to evoke intervals and chords in accurate relations of frequency 
with only twelve separate tones available in each octave. Some of the acoustical defects of 
equal temperament are pointed out especially in relation to music as heard. A thorough re- 


consideration of the subject is suggested for the general benefit of the reproducing arts and of 
the future of Music asa living form of expression. 


2. Physical Aspects of Piano Tone, Orro ORTMANN, Peabody Conserva- 
tory of Music (30 minutes). 


A brief exposition of the principles of tone-production on stringed keyboard instruments, 
represented by the modern piano-forte, including descriptions of the nature of piano tone and 


3 
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possibilities of its variation; of the relations of pitch, intensity, and duration to the quality of 
the tone; of the effect of the noise elements upon the sound complex; and of percussiveness as 
the primary element of the characteristic piano tone-quality. So far as possible, these topics 
will be illustrated with oscillograms, showing the effect of variations in instrumental structure 
and key manipulation upon the tone. 


3. The Woodwind Musical Instruments, Dayton C. MILLER, Case 
School of Applied Science (30 minutes). 


The wood-wind group of musical instruments includes four distinct types, commonly known 
as flutes, oboes, clarinets, and saxophones. According to peculiarities of size or method of con- 
struction these instruments have a variety of names among which are: recorder, galoubet, 
piccolo, flageolet, English horn, bassoon, bag-pipe, doodlesack, etc. Originally these instru- 
ments were made of wood, now many are made of metal. 


A discussion is given of the tone production and of the relations of the nodes and loops of 
the vibrating air-column to the mouth-piece and the tone-holes in the several types of instru- 
ments. The vatying qualities of tone are due to the prominence of certain overtones which are 
characteristic of each instrument; the general nature of these peculiarities have been deter- 
mined by analysis of photographic records of the tones. 


The positions of tone-holes were primitively determined by the number and length of fin- 
gers conveniently available in playing and varies according to custom. Our musical scale of the 
octave has been by the peculiarities of the hand! Very little of the scientific method is applica- 
ble to the design of musical instruments. Theobald Boehm, of Munich, just one hundred years 
ago, first made use of the principles of acoustics in the making of an orchestral instrument; this 
consisted simply in placing the tone-holes according to the intervals of the equally tempered 
scale. He followed this with a study of tone-quality which resulted, in 1847, in the present-day 
Boehm Flute. These studies influenced the design of all the other wood-wind instruments. A 
discussion is given of possible further improvements through laboratory research. 


Exhibition and demonstration of primitive and modern instruments will be made with 
various specimens selected from the writer’s historical collection of flutes, now the largest in 
the world. 


4. Characteristic Sound Producers of the Organ, LEsLic N. LEET, 
Aeolian Company. 
Description and demonstration of the factors that influence the tone quality of organ 


with a brief outline of the general structure of the organ. Illustrated by actual pipe examples 
played on a miniature laboratory organ. 


Mon pay, May 4 
2:00 P. M. 


CONTRIBUTED PAPERS 


1. Standardization in Teaching the Control of the Human Voice in 
Speech and in Song, Louis Simmions, New York City. 


The voice teachers of the past and the present have been trying and are tying to standardize 
their work in teaching the control of the human voice. Without a standard of measurement 
this was not possible. The acoustical scientists have evolved a standard of measurement in the 
art of the reproduction of the human voice. The speaker through practical demonstration be- 
lieves he can prove that the same standard of measurement can be applied to the training 
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of the human voice in speech and in song. With this end in view the speaker has evolved and 
applied in his teaching an acoustic measuring apparatus with which the student of voice can 
hear his own voice amplified and measure the right pressure of the vowel continuant through 
the deflection of a sensitive meter. 


2. Minimizing Discrepancies of Intonation in Valve Instruments, JOHN 
REDFIELD, New York City. 


If the crooks for the first, second, and third valves of a brass instrument are made of 
the proper lengths to produce respectively a tempered whole tone, a tempered half tone, and 
a tempered tone and a half, then the notes produced by the simultaneous use of any two or 
more valves are sharper than the corresponding tempered intervals. The problem of temper- 
ing the scale of a valve instrument thus becomes a matter of making each valve crook too long 
for tempered intervals when the valves are used singly, so that the sharpness of notes produced 
by the combined use of valves shall be reduced as much as possible. The precise lengths of the 
several valve crooks for minimizing discrepancies of intonation in a valve instrument appeat 
to be unknown both to writers on acoustics and to makers of valve instruments. The paper 
presents the method of minimizing such discrepancies. 


3. Open Pipes, Stopped Pipes and Double Stopped Pipes, Jonn BEt- 
LAMY TAYLOR, Research Dept., General Electric Company. 


Air columns in rigid tubes reflect pulses (sound waves) at the ends. The classical sounding 
or vibrating air column is the organ pipe, broadly classed as either “open” or “stopped” and 
giving tones of different quality because lack of symmetry in stopped organ pipes suppresses 
the evenly numbered harmonic overtones. Pipes of both classes are usually considered to be so 
rigid that all of the “output” to free air occurs at two ends of open pipe or at single opening 
(mouth) of the stopped pipes. This rigidity assumption may not be justified. 


If a pipe is stopped at both ends, symmetry is restored with opportunity for vibrations in the 
complete harmonic series. But with no free vent to outer air the double stopped pipes obviously 
may not be energized by the usual form of air stream; also confined vibrations will not be 
heard outside. These seemingly unworkable conditions are met by supplying energy and also 
withdrawing sound output at nodal points, rather than at loops (ventral segments). Such ab- 
straction of energy at node of vibrating air column is useful in cases where the tone or vibra- 


tion is to be transferred to a denser medium, e.g., to a liquid or toa solid such as a sounding 
board. 


4. Further Studies on the Strike Note of Bells, ARTHUR TABER JONES, 
Smith College and GEORGE W. ALDERMAN, Massachusetts A gricul- 
tural College. 


(1) Difference Tones.—The pitches of the first order difference tones from the fifth and 
seventh partials have been obtained for 24 bells, and from the seventh and tenth partials for 13 
bells. These difference tones are probably not important in the production of the strike note. 


(2) Relative Intensities of the Partial Tones—Curves from bells have been obtained with a 
condenser transmitter, amplifiers, and an oscillograph. Analysis of the curves from four bells 
do not indicate the presence of the strike note. They do show that when a bell is first struck 
the fifth partial is the most prominent, and that this fifth partial is rapidly damped. The rela- 


tive intensities of the partials fit well with the qualitative results which had already been ob- 
tained. 


(3) Duration of Contact of Clapper.—296 records of the strokes of the clappers on four bells 
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show that the duration of the contact increases with decreasing strength of blow, and that with 
increasing strength of blow the duration appears to approach a definite limit. This limiting 
duration of contact is about half the period of one vibration of the fifth partial, a fact which 
doubtless explains the early prominence of the fifth partial. 


5. The Vibrations of a Metallic Plate, RopERT CAMERON COLWELL, 
West Virginia University. 


Hitherto a Chladni plate has been set in vibration by means of a violin bow. This procedure 
made it necessary to clamp the plate at some point. It has been found, however, that with a 
mechanical vibrator, a square (or round) metallic plate may be set in vibration while resting 
freely upon a rubber mat. In this way many new sand figures may be formed. The vibrations 
of such a plate is closely analogous to that of a membrane; so that some of the simpler figures 
permit a mathematical treatment. A brief mathematical theory will be given for several of 
these. 


6. Measurement and Frequency Analysis of Sound from Large Reduc- 
tion Gear Units, E. J. ABBott, University of Michigan. 


In order to determine noise specifications in absolute units for a certain type of large 
reduction gear measurements were made of the sounds produced by ten machines in operation 
at a large central generating station. An average weighted total intensity, and a frequency 
analysis were made of the noise of each machine. It appears that these data are suitable and 
sufficient for absolute noise specifications on this type of machine. 


It was found that 1 db. represents an important difference in loudness in these machines 
which places quite rigorous requirements on the apparatus and the methods of measurement in 
order to eliminate errors due to wave patterns, location, load, speed, etc. Data on these points 
are given. 


A very close check was obtained between the observed frequencies of the various notes, and 
the movements of certain parts of the machine. By a comparison of the frequency analyses of 
the different machines it was possible to locate which part of the machine was responsible for 
the noise, and something of the nature of the defect producing the noise. 


7. A Planetary Reduction Gear System for Turntables, A. V. BEDFORD, 
RCA Victor Company, Inc. 


In the common synchronous gear drives for phonograph or talking picture turntables there 
is at least one driven gear which makes the same average revolutions as the turntable and 
which is driven by a higher speed gear (or worm). Commercial gears have slight but apprecia- 
ble errors in both tooth spacing and shape, which necessitates a variation in the relative angu- 
lar speeds of the two gears. These irregularities may introduce disturbances of frequencies cor- 
responding to the frequency of revolution and its multiples. 


The effect of the higher harmonics can be easily reduced by filtering, but to filter the lower 
frequencies the turntable must be prohibitively massive or the couplings must be so flexible 
as to put the table speed at the mercy of the irregularities of its bearings and endanger the 
synchronism of sound and picture. 


The planetary gear system, to be described, increases the speed of the lowest-speed gear 
with respect to the gear meshing it, thereby increasing the frequency of the disturbance and 
greatly facilitating mechanical filtering. 
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The main turntable bearings are also run at higher speed with similar effect upon dis- 
turbances arising from frictional irregularities. Damping is also provided to dissipate transient 
disturbances of speed. 


8. Experimental Judgments of Relative Loudness by a Number of Ob- 
servers as Related to the Decibel Scale, Joun S. PARKINSON, Johns- 
Manville Corporation. 


A large number of experiments were made, both on trained and untrained observers, to de- 
termine the factors which influenced individual judgments of the relative loudness of tones. 
These experiments included a considerable range of levels and a number of different frequen- 
cies. The results show a marked uniformity but do not appear to be related directly either to the 
intensity or the loudness levels as measured in decibels. 


9. Differential Pitch Sensitivity of the Ear, E. G. SHowER and R. Bip- 
DULPH, Bell Telephone Laboratories. 


Differential pitch sensitivity is defined as the minimum percentage change in frequency 
which can be detected bythe ear. The value of this ratio was measured over a frequency range 
from 32 cycles to 11,600 cycles and from the thershold of audibility to a sensation level of 90 
db. in the case of ten normal ears. A number of subsequent observations were made using bi- 
naural and bone conductions timuli. Inaregion above 1,000 cycles and above a 20 db. sensation 
level the minimum detectable variation Af/f is approximately constant at a value of .003. 
Below 1,900 cycles the function Af is approximately constant for any one sensation level. Bin- 
aural and bone conduction stimuli tend to increase the sensitivity of the ear to pitch changes in 
the general region below 500 cycles but above this region there is very little effect. The errors 
encountered in this type of measurement are discussed, together with the design and technique 
necessary to minimize such effects. A series of observations taken with modified apparatus 
show the effect of several such factors upon the results. 


10. Acoustic Insulation and Cancellation Effects at the Basilar Mem- 
brane, A. G. PoHLMAN, Department of Anatomy, St. Louis Univer- 
sity. 


The perceptive mechanism presents an apparatus of phenomenal sensitivity and of equally 
phenomenal capacity to withstand acoustic insult. The physiological requirement calls for a 
place of reasonable quiet in which the end organ may analyze the vibrations conducted to it. 
This is fulfilled by immersion of the end organ in the liquid of the internal ear, and the insula- 
tion (a factor of 40 db.) is overcome by the sound transmission apparatus which is about 
equally efficient throughout the audiorange. The auditory cells act as selective transformers 
and rest on the basilar membrane which is flanked by the two scalae. Vibrations pass into the 
internal ear through both windows and the basilar membrane is placed nearly edge-on to the 
advancing wave front. This would result in a cancellation effect at the basilar membrane and 
would present a shock absorber which is instantaneously operative at all frequencies. The 
interpretation is opposed to the generally accepted ideas both on transmission of vibrations to 
the internal ear and to the function of pitch analysis as dependent on mechanical factors which 


lie extrinsic to the auditory cells themselves. This is supported by both morphological and 
experimental evidence. 


11. The Salient Features of the Functioning of the Cochlea, with Dem- 
onstration of a Transparent Hydraulic Model, Max F. Meyer, Uni- 
versity of Missouri. 
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In constructing a model for demonstration of the function of the cochlea two assumptions 
are what we ought to keep clearly out of our mind: (1) that the living cochlea might contain 
dead building material of such physical properties as vulcanized rubber or tensile metal, (2) 
that the cochlea might contain contractile tissue, muscle tissue, that is, building material, 
which, in itself or in the supports in which it is inserted, could, from time to time at least, ac- 
tively produce any stresses. 


A mechanical theory must recognize four salient features: (1) that any sound pervades 
the cochlea no matter whether the window flexibility is considered in theorizing or put down 
as negligible in theorizing or is actually (pathologically) impaired—just as any sound pervades 
any building with all its rooms and partititions, and that such a primitive function is almost 
certain to have at least a weak and otherwise limited stimulating effect; (2) that the main and 
more adequate (but not exclusive) stimulating effect in mammalian animals (having an elon- 
gated cochlea tube) is likely to result from displacements of the phragma due to pressure dif- 
ferences between the windows, which are unsymmetrical to the meatus; (3) that the bulge 
formed by the displaced phragma can not travel, but can only lengthen itself, as is demon- 
strated by inspection of the hydraulic model; (4) that the formation of a bulge on either side 
of the average location of the phragma is succeeded by the development of stress in the phragma, 
as is demonstrated by inspection of the hydraulic model. 


Tuespay, May 5 
9:30 A. M. 


SYMPOSIUM ON MICROPHONES 


1. The History of the Microphone—Its Development and Use. H. A. 
FREDERICK, Bell Telephone Laboratories (30 minutes). 


Most of the many possible types of microphones as they are now known to exist were 
tried during the few years immediately following Bell’s original invention. The more important 
types are described, dated, and identified as to their inventor. During, the last 15 years, the 
theoretical and experimental technique for the test, analysis and development of the micro- 
phone has advanced greatly with the result that many of the early types have again become of 
interest. The development of the vacuum tube amplifier during this period, moreover, has re- 
moved the old requirement of large electric output from the microphone and greatly altered 
the practical aspects of the situation. The refinement of the microphone during these 15 years 
is sketched and the characteristics of some of the more important recent instruments are given. 


2. The Technique of Microphone Calibration, STUART BALLANTINE, 
Boonton Research Corporation (30 minutes). 


The distinction between pressure and free wave calibration of the microphone will be 
brought out and two or three methods using electrostatic actuator, thermo-phone and piston- 
phone will be described. Experimental precautions required in use of each of these will also be 
given. 


3. An Improved Form of Moving Coil Microphone, E. C. WENTE and 
A. L. Tuura(, Bell Telephone Laboratories (20 minutes). 


Microphones of the moving coil type have been previously used but difficulties have been 
encountered in attempts to cover a wide frequency range with uniform sensitivity. The paper 
describes an electrodynamic microphone of moderate size having incorporated in its design an 
acoustical network by means of which a uniform sensitivity is obtained from forty-five to ten 
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thousand cycles per second. It is shown how by changes in dimensions the instrument may be 
given other forms of response curves. The sensitivity is such that ten millivolts per bar of sound 
pressure are impressed through a transformer on the grid of a vacuum tube. 


4. Mass Controlled Electrodynamic Microphones: The Ribbon Micro- 
phone, Harry F. OLtson, RCA Photophone (20 minutes). 


One of the requirements of a high quality microphone is uniform response over a wide fre- 
quency range. To attain this objective in an electo-dynamic microphone the ratio of the velo- 
city of the mechanical system to the pressure or velocity in the acoustic system must be in- 
dependent of the frequency. To maintain constant velocity in a mass controlled microphone 
the driving force actuating the mechanical system must be proportional to the frequency. This 
may be accomplished by the designing of the mechanical system so that the actuating force is 
derived from the pressure gradient of the sound wave. Provided the system is small compared 
to the wave-length of the incident sound wave the resultant pressure available for actuating 
the system is proportional to the frequency. 


One example of this type is the ribbon microphone which consists of a light ribbon sus- 
pended in a magnetic field. The ribbon is driven from its position of equilibrium by the differ- 
ence in pressure due to the difference in phase existing between the two sides. The acoustic im- 
pedance of the ribbon and air load is proportional to the frequency. The velocity of the ribbon 
(or the generated e.m.f.) is determined by the ratio of the resultant pressure and the acoustic 
impedance. In the case of the ribbon microphone this quantity is independent of the frequency. 


5. Microphone Technique in Broadcasting, O. B. HANson, National 
Broadcasting Company (30 minutes). 


Tuespay, May 5 
2:00 P. M. 


CONTRIBUTED PAPERS 


1. Plane Sound Waves of Finite Amplitude, R. D. Fay, Massachusetts 
Institute of Technology. 


The principal object of the analysis is to find the change in type of periodic plane waves 
of sound of finite amplitude propagated in free air. 


A solution of the exact equation of motion is obtained as a Fourier series. Due to the non- 
linear relation between pressure and specific volume there is found to be a gradual transfer of 
energy from components of lower frequency to those of higher frequency. Since the effect of 
viscosity is to attenuate the higher frequency components more than the lower, there is always 
a wave form having the harmonic components in a stable relation such that the decrease in 
relative magnitude of any component due to viscosity is compensated by the relative increase 
due to non-linearity. The conditions for stability vary with intensity. There is therefore no 
permanent wave form, but the stable wave will change its form more gradually than any 
other wave of the same intensity and wave length. The change in type of any wave is toward 
this stable form. There is a marked departure from the sinusoidal in the stable type even for 
waves of very moderate amplitude. 


2. Some Uses of Pressure Gradient Microphones for Acoustic Meas- 


urements, IRVING WOLFF and FRANK Massa, RCA Victor Company, 
Inc. 
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The difference between microphones whose action depends on the pressure and those 
whose action depends on the pressure gradient in the sound wave is pointed out, and illustra- 
tions are given of each type. The characteristics of the pressure gradient in a complex sound 
field is discussed. It is shown that under certain conditions the pressure gradient gives a meas- 
ure of the particle velocity in the sound wave. Illustrations and experiments are described 
which show how the vector characteristics of the pressure gradient may be used to advantage 
in making acoustic measurements. 


3. Some Physical Factors Affecting the Illusion in Talking Motion Pic- 
tures, J. P. MAXFIELD, Electrical Research Products, Inc. 


The advent of talking pictures has brought the physicist and engineer face to face with 
problems which lie not only in the field of material things but also in the field of art. This 
implies that many of the criteria for the judgment of excellence may be of a psychological 
rather than a physical nature. 


The paper describes results of an empirical study of methods for controlling some of the 
factors available to the engineer in the field of sound recording and photography in such a 
manner that a pleasing illusion of reality is created in the theater. Empirical quantitative 
curves are given. 


4. Audible Frequency Ranges of Music, Speech and Noise, W. B. 
Snow, Bell Telephone Laboratories. 


This paper describes the use of an electro-acoustic system, transmitting the audible fre- 
quency range almost uniformly, in determining by ear the frequency ranges required for faith- 
ful reproduction of music, speech, and certain noises. 


Sounds were reproduced alternately with and without filters limiting the frequency rang 
transmitted by the electrical circuit. The filter cut-offs producing just noticeable changes in the 
reproduction were deduced from judgments of listeners as to the presence or absence of filters. 
It was found that for absolute fidelity all musical instruments except the piano require repro- 
duction of the lowest fundamentals. The frequencies above 5,000 cycles were shown to be im- 
portant, some instruments and particularly noises requiring reproduction to the upper audible 
limit. 

Tests were made in which experienced listeners judged the degradation of “quality” pro- 
duced by a series of filters. The judgments showed definitely that the quality continues to im- 
prove as the frequency range is extended down to 80 or up to 8,000 cycles. Although somewhat 


indefinite on cut-offs outside these limits, they indicated that reproduction of the full audible 
range was considered most perfect. 


5. Means for Radiating Large Amounts of Low Frequency Sound, E. W. 
KELLOGG, RCA Victor Company, Inc. 


Present electrical sound equipment has little output below about 100 cycles. An electrical 
device of large output in the range 30 to 200 cycles would afford new musical effects not 
hitherto possible. 


From a review of existing literature it is concluded that an acoustic output of at least 
one watt should be provided. Ten watts would be desirable. The result can be attained in 
several ways and the amount of equipment required with various arrangements is calculated. 
The results should serve as a guide in the design of installations. 
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6. Reduction of Noise in Subways, F. R. Watson, University of Illinois. 


A new consideration in the reduction of the disturbances of noisy machines recently oc- 
curred to the author. The matter arose in connection with a study of subway noises, in which 
it appears that the sources of disturbance are traceable to the following sources—the impact 
between car wheels and the rails that causes both of these elements to vibrate; the grinding 
of the gears that communicate the power from the motor to the car axles, together with the vi- 
bration of the gear wheels; and finally the vibration and rattle of the loose parts of the car. 


A simple experiment showed that the rail vibrations could be deadened effectively by 
clamping pads of felt on the web of the rail. In actual use, however, the use of such deadened 
rails produced no noticeable effect—an apparent paradox. Consideration of the action of the 
ear gives a simple explanation of the paradox. Suppose that each of the five sources of noise 
mentioned has approximately one billion units of threshold intensity, the total intensity thus 
being 5,000,000,000 threshold units, with a loudness of 97 decibels. If now the rail noise is com- 
pletely eliminated, the intensity is reduced to 4,000,000,000 threshold units, but the loudness 
is reduced only one unit to 96 decibels, and therefore would not be detected by the ear. By the 
same reasoning it is apparent that to reduce the noise appreciably, say to 50 decibels it is nec- 
essary to reduce all the disturbing elements to at least 100,000 threshold units. If only one 
remains with an intensity of 1,000,000,000 threshold units, the loudness still has the high 
value of 90 decibels. In other words, it is waste of effort to quiet any one element of a noisey 


machine; it is necessary to reduce the vibrations of all the disturbing elements, assuming them 
to be of about the same intensity. 


7. A Device for Direct Measurement of Sound Absorption Coefficients, 
PAUL E. SABINE, Riverbank Laboratories. 


This paper describes a small scale device for direct comparison of the intensity of sound 
reflected from a surface of unknown coefficients with that reflected under identical conditions 
from surfaces whose coefficients have been determined by reverberation methods. It consists 
of means for producing sound of fixed intensity and frequency at an angle of incidence of 30°, 
and measuring the energy reflected at this same angle. Calibration is effected by measuring 
the intensity at the “pickup” of sound reflected from a highly polished marble surface, and 
from surfaces of known coefficients, and finally when no reflecting surface is interposed in the 
path of the incident sound. These measurements show a strictly linear relation between the 
intensity of the reflected sound and the reflection coefficient of the reflecting surface. The 
intercept of this line on the coefficient axis shows the percentage of the stray energy directly 


from the source to pickup. This percentage is very constant as the intensity in the incident 
beam is varied. 


Coefficients obtained by this method show excellent agreement with reverberation coefli- 
cients obtained by measurement on identical samples. 


8. The Effect of Humidity Upon the Absorption of Sound in a Room, 
V. O. KNUDSEN, University of California at Los Angeles. 


P. Sabine and E. Meyer have noted that for frequencies above 2,000 d.v. the rate of ab- 
sorption of sound in a room increases as the relative humidity decreases. The writer has inves- 
tigated and confirmed this effect during the past year and has obtained some quantitative data 
which have a bearing upon problems in architectural acoustics and sound signaling. Assuming 
that the intensity of a plane wave in air diminishes in accordance with -—mct where c is the 


velocity t the time and m the absorption coefficient in the air the reverberation formula 
becomes (in British units) 
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.049V 
—Slog. (1—a)+4mV 





By making reverberation measurements, under different conditions of humidity, in two 
rooms having the same boundary material (painted concrete) but different mean free paths, it 
is possible to determine both m and a as functions of the frequency and humidity of the air. 
For frequencies below 512 d.v., m is negligible. It increases approximately with the square of 
the frequency. At 4,096 d.v., m increases from about .0015 at 70 per cent relative humdidity 
(21°C) to .0033 at 20 per cent relative humidity. At frequencies above 6,000 d.v., the absorp- 
tion in the air in a room may be greater than the absorption by the boundaries. The absorp- 
tivity of painted concrete remains nearly constant above 512 d.v., and has a value of about 
.016. 


9. Measurements with a Reverberation Meter, V. L. CuRIsLeR, W. F. 
SNYDER and C. E. MILLER, Bureau of Standards. 


A description is given of apparatus with which the rate of decay of sound energy in a 
room may be measured. A loud speaker is used as a source of sound. When the sound has 
reached a steady state the loud speakercircuit is opened and at the same time atimer is started. 
When the sound energy has decayed to some definite value the timer is automatically stopped. 


If made in a portable form this equipment may be used to study the acoustical properties 
of auditoriums. 


Attention is called to the errors which may occur in these measurements. 


Measurements are given showing absorption due to diaphragm action of materials. 


10. A Critical Study of the Precision of Measurement of Absorption 
Coefficients by Reverberation Methods, PAUL E. SABINE, River- 
bank Laboratories. 


This paper is the result of a careful comparative study of the coefficients obtained by vari- 
ous methods used for the measurement of absorption coeflicients employing the equations of 
the reverberation theory. Both organ pipes and an electro-dynamic loud speaker were used as 
sources of sound. With the latter, both steady tones and flutter tones were employed. Absorb- 
ing power was measured by determining the rate of decay from measurements of the rever- 
beration time for known relative values of the steady state intensity, using the loud speaker 
source. The results indicate that a loud speaker operated at a fixed value of the input current 
sets up a steady state intensity that is constant, independently of the absorbing power of the 
room. The measurements with the organ pipes confirmed the assumption that the latter acts 
as a source of constant acoustical power output, setting up a steady state intensity that is 
inversely proportional to the total absorbing power of the room. 


Comparison of the results using steady and flutter tones shows that with a frequency range 
of a semitone above and below the mean frequency the measured values agree within the limits 
of experimental error. As between the organ pipe and the loud speaker, the former shows con- 
sistently higher values on four materials tested at the tone 512 vibrations per second, although 
the difference is only slightly greater than the experimental error. At other frequencies there is 
no consistent difference. 


The experiments showed that although total absorbing power scan be measured with 
a precision of the order of 2% or 3% yet errors of this magnitude, if cumulative, may result in 
variations of about 10% in the value of the absorption coeflicient, computed from the differ- 
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ence in absorbing powers of the reverberation chamber with and without the test sample 
present. 


Comparison of results with result on identical samples tested in other laboratories show 
that at the frequency 512, the agreement between different laboratories is within the limits of 
accuracy of the methods so far developed. 


11. Acoustic Adjustment of Curved Walls in Auditoriums, F. R. War- 
son, University of Illinois. 


The modern trend among architects to use curved walls in auditoriums brings into consider- 
tion the adjustments that are helpful in reducing the resultant echoes and concentrations. 
Coffering these curved surfaces breaks up the reflected sound somewhat, but usually leaves 
more or less concentrated echoes. The application of absorbing material in a checkerboard 
pattern, with bare wall between the absorbing pads is promising. The pads absorb sound and 
change the phase of the reflected waves which interfere with the waves from the bare spaces, 
so that this arrangement appears more effective than coffering. 


A more drastic treatment is to make the entire surface of grill work, whereby the incident 
sound passes through without reflection to a space behind the wall which may be used as the 
plenum chamber of the ventilation system. The appearance of the wall can be made satisfac- 
tory if the holes in the grills are not large, and if the surface is suitably decorated. This plan 
was tried in a New York auditorium with successful results, so that it now appears possible to 


use such curved walls, and allow architects freedom in the design of auditoriums with curved 
interiors. 











BIBLIOGRAPHY 
OF 
ACOUSTICS OF BUILDINGS 


PREPARED BY F. R. WATSON 
Chairman, Committee on Acoustics of Buildings, Division of Physical Sciences, National 
Research Council.* 


EXPLANATORY NOTE 


A large number of the references in this bibliography are taken from 
the gradual accumulation of notes by the author. To complete and am- 
plify this list, a systematic survey of references from 1920 to 1930 was 
made in Science Abstracts and Fortschritte der Physik. Also, The Engi- 
neering Societies Library in New York compiled a list of engineering 
articles for the past ten years. Suggestions concerning the semi final list 
were made by Dr. Paul E. Sabine and Prof. Dayton C. Miller, the latter 
furnishing a list of references prepared by a senior student, Laurence E. 
Glueck. It is hoped that no important omissions or mistakes are made, 
and the author will appreciate any corrections. An interesting fact aris- 
ing out of the collection is that a large proportion of the articles listed 
have appeared in the past five years. 

The references are arranged alphabetically by author’s names into 
three groups. Under the first group, General, are included encyclo- 
paedias, both English and German, and books that give systematic ac- 
counts of the whole subject, or important subdivisions or related sub- 
jects, such as Noise, Vibrations in Buildings, Speech and Hearing. Most 
of these general articles contain bibliographies. The subjects of Acous- 
tics of Rooms and Sound Insulation are the important considerations in 
Acoustics of Buildings and are therefore each treated as a separate 
group. 

For many of the references, a brief statement is added concerning the 
nature of the article that should assist a reader when searching for par- 
ticular information. Because of the comparatively small number of 
articles, no cross-references are made in the separate groups, and papers 
written by more than one author are listed only once under the name of 
the first writer. References are abbreviated according to the plan used 
in Chemical Abstracts,—for example: Vol. 2, pages 311-324, 1931 is 
abbreviated to 2: 311-324 (1931). 

* The members of the Committee on Acoustics of Buildings are: F. R. Watson, Chairman; 
Dayton C. Miller, Paul E. Sabine. 


Reprints of the Bibliography may be obtained from Publication Office, National Research 
Council, 2101 Constitution Ave., Washington, D. C., price 50 cents. 


14 





onal 


‘om 
1m- 
was 
ngi- 
ring 
list 
tter 
e E. 
ade, 
aris- 
sted 


into 
yclo- 
c ac- 
sub- 
Most 
cous- 
ns in 
arate 


g the 
r par- 
yer of 
apers 
me of 
. used 
31 is 


airman; 


tesearch 


1931] F. R. WATSON 15 


PART I 
GENERAL 


Acoustical standardization. Report of Committee of Acoustical Society of America. J. Acous- 

tical Soc. Am. 2: 311-324 (1931). 

Definition of terms used in various branches of acoustics to reduce confusion. 

Acoustics: its history in brief. Sci. Am. 61: 25290 (1906). 

From Newton’s experiments to acoustical inventions of Edison and Bell. 
Acoustics of buildings. Encyc. Brit., 14th ed. 1: 130-133 (1929). 

Aigner, Franz. Unterwasserschalltechnik. Berlin, Krayn, 1922. 322 p. 

A systematic treatise, with bibliography. 

Akimoff, N. W. Recent developments in balancing apparatus. Am. Soc. Mech. Eng. 39: 779- 

781 (1917). 

Improvements made by author upon the balancing machine described in a paper before the 
Society in 1916. Complete revision of the method for securing static balance in a body in order 
to determine its dynamic balance. Two formulae given showing failure in ordinary methods for 
obtaining such static balance. Measurements now taken by means of a clamp. 

Anglas, J. P. L. Précis d’acoustique physique. Paris, Paulin et C, 1910. 382 p. 

Generalities. Results of W. Sabine and Marage. 


Bagenel, H. and Wood, Alexander.Planning for good acoustics. London, Methuen & Co., 1931. 
415 p. 


Ball, R. S. Wonders of acoustics; or, the phenomena of sound. New York, Scribner, 1870. 
267 p. 
Chapter 6 (p. 78-98): Reflection of sound. Chapter 7 (p. 99-112): Resonance; acoustics of 
churches and theatres. 
Barton, E. H. Text-book on sound. London, Macmillan, 1922. 687 p. 


A general treatise on sound, with brief discussion of acoustics of auditoriums, sections 617- 
619. 





. Sound. Dictionary of Applied Physics 4: 678-733 (1923). 
Architectural acoustics (p. 692-695). Condensed account of theory and experiments. 
Bell Telephone Laboratories, Inc. Index of technical reprints. New York, March, 1930. 
Technical papers by engineers and scientists of the Bell telephone system, 1919-1930. 
Berger, Richard. Die Schalltechnik. Braunschweig, Vieweg, 1926. 115 p. 
Discussion of sound, including acoustics of rooms. 
Boyle, R. W. Ultrasonics. Science Progress 23: 75-105 (1928). 
Development of practice in ultrasonics for under-water signalling. 


Church, B. A. G., and King, A. J. The analysis and measurement of the noise emitted by 

machinery. J. Inst. Elec. Eng. (London) 68: 97-131. (1930). 

A comprehensive theoretical and experimental investigation of the subject, with bibliog- 
raphy and criticism by other investigators. Discussion of sound set up, the characteristics of 
the ear, and various sound-measuring devices. Description of apparatus used, consisting of 
electric loud-speaker pick-up with amplifier, electric frequency analyser and galvanometer. 
Chwolson, O. D. Lehrbuch der physik. Braunschweig, Vieweg, 1904. 

Six references to acoustics in index, p. 1048. 

City Noise. Noise Abatement Commission. Dept. of Health, New York City, p. 308. April 

(1930). 

A popular account giving the amount of noise contributed by street traffic, subways, ele- 
vated railway, building construction, etc., with recommendations for laws controlling unneces- 
sary noise. 


Cowan, L. Recording sound for motion pictures. New York, McGraw Hill, 1931, 404 p. 
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A symposium of papers on the technique of sound pictures, including sound, recording 
equipment, the film record, studio acoustics and technique, and sound reproduction. 
Crandall, I. B. Theory of vibrating systems and sound. New York, Van Nostrand, 1926. 275 p. 

Discussion of present day sound and vibrations; including acoustics of rooms, absorption, 
reflection and reverberation. 


David, Pierre. L’Electro-acoustique. Lib. Scient. Hermann & Co., Paris, 1930. 39 p. 

Discussion of measurement and analysis of sound, Rayleigh disc, vacuum tube circuit and 
microphone; the reproduction of sound; the production of sound. Bibliography of 74 references. 
Davis, A. H., and Kaye, G. W. C. Acoustics of buildings. London, Bell, 1927. 216 p. 

Acoustics of auditoriums, echoes, reverberation, soundproofing and correction of acoustical 
defects. 


Eason, A. B. Prevention of vibration and noise. London, Frowde, 1923. 163 p. 

Instruments for measuring vibrations and transmission and isolation of sounds, with dis- 
cussion of important results. Extensive bibliography. 
Eccles, W. H. The new acoustics. Proc. Phys. Soc. London 41: 231-239 (1929). 

Review given of recent developments in theoretical and practical acoustics, including 
acoustics of rooms. 
Elimination of harmful noise. Natl. Safety News 15: 46-58 (1927). 

General discussion of effect of noises upon people and the demands for the elimination of 
the same. 


Fletcher, Harvey. Speech and hearing. New York, Van Nostrand, 1929. 340 p. 

A book describing speech, music and noise, hearing, the perception of speech and music. 
Results of many experiments conducted at Bell Telephone Laboratories. 
Free, E. E. Measurements of street noise in New York City. Phys. Rev. 27: 518-519 (1926). 


Geiger, H. v. Scheel K. Akustik. Handb. d. Phys. 8: 1-712 (1927). 

Edited by F. Trendelenburg and others. 

An encyclopaedic work on acoustics, of which chapter 16 on Raumakustik by E. Michel 
and chapter 15 on Schallausbreitung by E. Liibke deal particularly with acoustics of buildings. 
Bibliography, particularly for German articles. 

Gerdien, H., Pauli, H., and Trendelenburg, F. Untersuchungen iiber Erschiitterungsschwing- 

ungen und Geriusche. Z. tech. Physik 10: 374-378 (1929). 


Hall, E. E. Graphical analysis of building vibrations. Elec. World 66: 1356 (1915). 

Hamilton, C. G. Sound and its relation to music. Boston, Oliver Ditson, 1912. 150 p. 
Confusing echoes deadened by draperies (p. 20). 

Hart, M. D., and Smith, W. W. The principles of sound signalling. London, Constable, 1925. 
139 p. 

Heide, E. J. von der. Noise in modern industry. Machinery 34: 856 (1927-28). 

Noise in the automobile industry and its reduction. 

Hool, G. A., and Johnson, N. C. Handbook of building construction, New York, McGraw-Hill, 
1929. Acoustics of buildings, by F. R. Watson, pp. 747-753 (1920); 2nd ed., pp. 754-761 
(1929). 

A condensed account of acoustics of buildings. 


King, L. V. Development of modern acoustics. Trans. Roy. Soc. Can. 13: 1-5 (1919). 

Survey of recent (1919) development in the study of acoustics from musical and architec- 
tural point-of-view. Summary of work done in fog signalling by author. 
Kranz, F. W. Minimum intensity for audition. Phys. Rev. 21: 573-584 (1923). 

Experimental work testing different ears for a range of pitch. Bibliography. 
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Laird, D. A. Noise. Sci. Am. 139: 503-510 (1928). 

Description of noise intensity tester. Several examples of noiseproof construction and lists 
of noise-absorbing value of 14 common materials. 
. Noise does impair production. Am. Mach. 69: 59-60 (1928). 

Effect of noise on production, and method of reducing noise in industrial plants. Sound 
absorbing power of various materials. 
. The effects of noise. J. Acoustical Soc. Am. 1: 256-262 (1930). 

A summary of experimental literature, with comments. 
Lamb, Horace. The dynamical theory of sound. 2nd ed. London, Edward Arnold, 1925. 315 p. 








Helmholtz and Lord Rayleigh. 

Lifshitz, Samuel. Lectures on architectural acoustics. Moscow, Technical High School Press, 
1927. (In Russian). 

Loudon, James. A century of progress in acoustics—Address to the American Association for 
the Advancement of Science. Science 14: 987-995 (1901). 
Survey of history of acoustics from Chladni, “ Die Akustik”’ to Rudolph Koenig. No archi- 

tectural acoustics discussed. Last of article discusses sound as to velocity, pitch and intensity. 


McGarry, W. A. The noiseless elevated. Sci. Am. 126: 46-47 (1922). 
Noises of elevated railroad reduced by rigid construction and new type of worm gear. 
Merritt, Ernest. A plea for acoustic engineering. Sibley J. 31: 101-102 (1916-1917). 
Special problems in auditoriums, talking machines, sound amplifying devices. 
Michel, E. Horsamkeit grosser Riiume. Braunschweig, Vieweg, 1921. 58 p. 
Description of reverberation, absorption; extended discussion of reflected sound. Bibliog- 
raphy. 
Miller, D. C. The science of musical sounds. New York, Macmillan, 1916. 286 p. 
A set of lectures giving the results of years of painstaking investigation of the characteris- 
tics of tones produced by the voice and by different musical instruments. 
Miiller-Pouillet. Lehrbuch der Physik. 11 Aufl. Raum- und Bauakustik by Waetzmann, E., 
und Schuster, K. I, 3: 444472 (1929). 
A general discussion of acoustics of rooms and buildings, with bibliography. 


National Research Council Committee on Acoustics. Certain problems in acoustics. Bull. Nail. 

Research Council, No. 23 (1922) 31 p. 

Condensed report on thirteen fundamental acoustic problems, with bibliographies. Sec. V. 
Reflection, absorption and transmission of sound by different materials, by P. E. Sabine and 
F. R. Watson. 

Noise abatement symposium. Elec. Eng. 340-354 (1931). 

Abstracts of papers presented at meeting of A.I.E.E., April 29—-May 2, 1931 at Rochester, 
N. Y. (1) a general review of the difficulties involved in obtaining suitable noise measurements, 
by B. F. Bailey, Univ. of Michigan; (2) a description of a new sound meter which simulates 
the response of the human ear, by T. G. Castner, Bell Tel. Lab., E. Dietze and R. S. Tucker, 
Amer. Tel. & Tel. Co., and G. T. Stanton, Elec. Research Products Inc.; (3) a résumé of the 
measurement of machinery noise featuring new audio noise meter, by H. B. Marvin, General 
Elec. Co.; (4) a study of the noises in induction regulators, by J. P. Foltz and W. F. Shirk, 
Westinghouse Elec. & Mfg. Co.; (5) a discussion of magnetic noises in synchronous machines, 
by Quentin Graham, Sterling Beckwith, and Frank H. Milliken, Westinghouse Elec. & Mfg. 
Co.; (6) some interesting results obtained with elastic supports, by E. H. Hull, and W. C. 
Stewart, Gen. Elec. Co.; (7) an outline of present means of reducing substation noises, by 
E. A. Bishop, Commonwealth Edison Co 


Olmsted, Denison. An introduction to natural philosophy. N. Y., Collins, 1895. 472 p. 
Sec. 298 (p. 194-195). An early description of halls for public speaking. 
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Petzold, Ernst. Elementare Raum Akustik. Bauwelt-Verlag, 1927. 129 p. 

An important treatise on acoustics of rooms, with discussion of topics not found elsewhere, 
particularly some phases of psychology dealing with blurring of direct and reflected sounds. 
Bibliography, particularly for German publications. 


Radau, Radolphe. L’acoustique. Paris, Librarie de L. Hachette et C'*, 1867. 335 p. 

Architectural acoustics, p. 143-149. 

Rayleigh, Lord. Theory of sound. New York, Macmillan, 1896. 2 v. 

The classic in the subject of acoustics. References to architectural acoustics as follows: 
Whispering galleries, v. 2, §287. Passage of sound through fabrics, v. 2, §311. Resonance in 
buildings, v. 2, §252. Vibration of plates, v. 1, §225. Reflection and transmission of sound by 
different media, v. 2, §§270-272. Behavior of porous bodies in relation to sound, v. 2, §351. 
Richardson, E. G. Sound. New York, Longmans, Green and Co., 1927. 286 p. 

A text-book, giving results of recent experimental research. References to acoustics of 
buildings, p. 13, 19, 59, 252. Extensive bibliography. 


Sabine, P. E. Life work of the late Wallace C. Sabine; an appreciation. Am. Arch. 116: 1-3 

(1919), 

Brief outline of Sabine’s life and more detailed account of what he contributed towards the 
prevention of reverberation in buildings, results of studies in determining sound-absorbing 
properties of materials; study of sound interference and his contributions to the subject of 
sound transmission. 

. Wallace Clement Sabine laboratory of acoustics. Am. Arch. 116: 133-138 (1919). 

Description of acoustic laboratory built at Geneva, Illinois, by Colonel Fabyan for Profes- 
sor Sabine. 

Sabine, W. C. Collected papers on acoustics. Cambridge, Harvard University Press, 1922. 

279 p. 

Reprint of periodical articles by the author collected and edited after Professor Sabine’s 
death by Professor Theodore Lyman. Chap. 1. Reverberation. Am. Arch. 68: 3, 19, 35, 43, 59, 
75, 83 (1900); Eng. Record 1: 349, 376, 400, 426, 450, 477, 503 (1900). Theory and experi- 
ments on reverberation in rooms, including determination of sound absorbing coefficients and 
analysis of acoustics of rooms. Chap. 2. Architectural acoustics. Proc. Am. Acad. Arts Sci. 42: 
51-84 (1906). Discussion of accuracy of musical taste in regard to architectural acoustics, va- 
riation of reverberation with pitch. Chap. 3. Melody and origin of the musical scale. Chap. 4. 
Effect of air currents and temperature. Eng. Record 61: 779-781 (1910). Conclusion that venti- 
lation has small influence on acoustics, but hot stoves or other high temperatures produce no- 
ticeable effect. Chap. 5. Sense of loudness. Contrib. Jefferson Phys. Lab. 8: (1910). Chap. 6. 
Correction of acoustical difficulties. Arch. Quar. Harv. Univ., March 3-23 (1912). Discussion 
of practical problems of acoustic correction. Chap. 7. Theater acoustics. Am. Arch. 104: 257- 
279 (1913). Control of acoustics in theaters, particularly the Little theater and New theater, 
New York City. Chap. 8. Building material and musical pitch. Brickbuilder. 23: 1-6 (1914). 
Absorbing coefficients for a variety of materials for different pitches. Chap. 9. Architectural 
acoustics. J. Franklin Inst. 1-20 (1915); J. Roy. Inst. Brit. Arch. 24: 70-77 (1917). Condensed 
discussion of previous investigations. Chap. 10. The insulation of sound. Brickbuilder. 24: 
31-36 (1915). An important discussion of theory of sound insulation with a few preliminary 
experiments. Chap. 11. Whispering galleries. Discussion of echoes set up by a number of un- 
usual architectural rooms. Appendix. Note on the measurement of the intensity of sound and 
on the reaction of the room upon the sound. 

Satow, T. Architectural acoustics. Bull. of Waseda Univ., 1927. 

Lectures on architectural acoustics, with bibliography. (In Japanese.) 

Satow, T. and Nakano, T. Noise in the subway. Waseda university (Tokio) Bulletin no. 8, pp. 
1-25 (1931) (in Japanese). 
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Experiments with audiometer to test car noises in Tokio subway. Cars add 30 db. to re 
sidual noise to give approximately 65 db. in stations and 83 db. in tunnels. Open windows in- 
crease noise 10 db. in cars. Ballasted tracks reduced noise from 83 db. (concrete bed) to 76 db. 
(ballast). Reverberation time 3-4 seconds in stations, 7.7 seconds in tunnel (concrete road bed), 
1.7 seconds in tunnel (ballasted track). 

Sivian, L. J. Rayleigh disk method for measuring sound-intensities. Phil. Mag. [7] 5: 615- 

620 (1928). 

Method found useful when sound amplitude can be made a suitable function of time. 
Mathematical discussion. 

Smith, T. R. Acoustics of public buildings. New York, Van Nostrand, 1865. 
Sound and its control. J. Am. Inst. Arch. 10: 262-263 (1922). 

Brief historical sketch of architectural acoustics. 

Spooner, T., and Foltz, J. P. Study of noises in electrical apparatus. Trans. Am. Inst. Elec. 

Eng. 48: 747 (1929). 

Stewart, G. W. Acoustical engineer. Science 33: 527-528 (1911). 

The future progress of the subject of acoustics as applied to auditoriums rests upon acous- 
tical engineer. 

Stewart, G. W., and Lindsay, R. B. Acoustics. New York, Van Nostrand, 1930. 358 p. 

A general treatise, with special discussions of certain engineering applications. Architec- 
tural acoustics discussed in chapter 11. 

Swan, C. M. Acoustical engineering. J. Am. Inst. Arch. 7: 548-550 (1919). 
. The minimum audible intensity of sound. Proc. Am. Acad. Arts. Sci. 58: 425-441 
(1923). 





Trendelenburg, Ferdinand. Ueber neuere akustische und insbesondere elektroakustische Ar- 
beiten. Jahrb. der draht. Telegraphic und Telephonie. Z. fiir Hochfrequenztechnik 32: 1-29 
(1928). 

Developments in acoustics of rooms. 

. Directional effects with the human voice. Z. techn. Physik 10: 558-563 (1929) 

An experimental investigation was made of the directional effects of the human voice. Three 
regions were investigated: 200-400 cycles/sec., 3300-3600 cycles/sec., and about 6000 cycles 
/sec. The higher frequency regions were found to show pronounced directional effects in conse- 
quence of the mouth acting like a funnel. The directional effects observed were appreciably 
greater than were to be expected on theoretical grounds. 

Tyndall, John. Sound. New York, Appleton, 1915. 

Transmission of musical sound by liquids and solids (p. 76-79). 





Upham, J. B. A consideration of some of the phenomena and laws of sound and their applica- 
tion in the construction of buildings designed especially for musical effects. Amer. Jour. 
Science 65: 215-226, 348-363 (1853). 


Waetzmann, E. Modern problems of acoustics. J. Franklin Inst. 201: 662-664 (1926); Physik. 
Z. 26: 740-748 (1925). 
Discussion of methods of determining sensitiveness of ear to tones. 
. Die bedeutung der Akustik fiir die Technik. Naturwissenschaften 16: 295-297 (1928). 
Waterfall, W. A loudness scale. Eng. News-Record 102: 60-62 (1929). 
Practical audiometer scale of loudness. Essential difference between sound intensity and 
quantitative sound sensation in its application to problem of sound proofing. 
Watson, F. R. Acoustics of buildings. 2nd ed. New York, Wiley, 1930. 155 p. 
Book giving systematic treatment of acoustics of buildings, including acoustics of audito- 
riums, soundproofing, vibration, ventilation. 
. Pioneer investigations in acoustics. Eng. News-Record 88: 839 (1922). 
Review of Sabine’s “Collected papers on acoustics.” 




















20 JOURNAL OF THE ACOUSTICAL SOCIETY — [Juty, 


-Wead, C. K. Modern problems in acoustics. \/ usic 18: 341-347 (1900). 
Weisbach, F. Bauakustik. Berlin, Springer, 1913. 
Williams, S. T. Recent developments in the recording and reproduction of sound. J. Franklin 

Inst. 202: 413-448 (1926). ; 

History, development of the victrola; making of records; mechanical musical devices. 
Winkelmann’s Handbuch der Physik. 1909. Vol. 2. Akustik by F. Auerbach. 

An encyclopaedia of acoustics, the following topics applying to the subject involved: 
“Akustik der Gebiiude,” p. 580-584, with references. “Nachhall und Echo,” p. 565-567, with 
references. 

Wood, A. B. A text-book of sound. New York, Macmillan, 1930. 519 p. 

An account of the physics of vibrations with special reference to recent theoretical and 
technical developments. A comprehensive treatment, with a large number of references. 
Acoustics of buildings discussed on pages 484 to 491. 


PART II 
Acoustics OF Rooms 


Including reverberation, echoes, absorption of sound 


Aigner, Franz. Experimentelle Studie iiber den Nachhall. Sitzb. Akad. Wiss. Wien 123, ITA 

1489 (1914). 

An experimental investigation of the reverberation in rooms in which instruments were 
used instead of the ear to measure the damping of sound. This work verified Jiiger’s formula 
and the formula and absorption coeflicients found by Sabine. 

Altberg, W., and Holtzmann, M. Absorption of sound waves in turbid media. Physik. Z. 26: 

149-153 (1925). 

Anderson, R. G. Acoustics of a building. Eng. Contr. 66: 524-526 (1927). 

Discussion of factors influencing sound reflection, absorption, reverberation, sound ab- 
sorbing materials and their acoustic properties. 

Anderson, S. H. An anomalous sound absorption coefficient. Phys. Rev. 26: 288 (1925). 

Measurement of reverberation of a hall was found experimentally to be 30 per cent smaller 
than by Sabine’s formula. 

Anderson, W. A., Jr. An echo from Morrison Chapel, Transylvania University. Science 66: 280 

(1927). 

Description of echo from Morrison Chapel,—the sound coming from a bell in the court 
house several blocks away. 


Backhaus, H. Konzertmiissige Musikiibertragung. Sicmens-Zeitschrift 5: 1-8 (1928). 

Bagenal, Hope. Planning for good acoustics. J. Roy. Inst. Brit. Arch. 32: 29-43 (1924). 
Acoustics of concert rooms. Absorbing materials and their requirements. 

———.. Designing for musical tone. J. Roy. Inst. Brit. Arch. 32: 625-629 (1925). 

. The Leipzig tradition in concert hall design. J. Roy. Inst. Brit. Arch. 36:756-763 

(1929). 

Bagenal, Hope, and Bursar, Godwin. Bach’s music and church acoustics. J. Roy. Inst. Brit. 

Arch. 37: 154-163 (1930). 

Acoustical analysis of St. Thomas church, given as it must have influenced Bach’s writing 
of music. Other churches studied. Reverberation tables for St. Thomas and St. Margaret given. 
Barus, Carl. Acoustic topography in a room. Science. 55: 321-326 (1922). 

Scientific discussion of pin hole probe; closed pin hole resonator, survey between walls, open 





door, reflection from plates, location of ray of maximum amplitude. This is an advanced note 
from a report to the Carnegie Institution at Washington, D.C. 
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——_——. Acoustic experiments with the pin-hole probe and the interferometer U-gage. Carne- 
gie Inst. Wash. Pub. No. 383 (1927). : 
Benbow, William. How to get a good hearing. Musician 23:97 (1918). 
Causes of reverberation and echoes. 
Blackall, C. H. Acoustics of audience halls. Eng. Record 45: 541-542 (1902). 

A paper recording the opinions of the author with many references to acoustical properties 
of particular audience halls. 

Blattner, D. G., and Bostwick, L. G. Loud speakers for use in theaters. J. Soc. Motion Picture 

Eng. 14: 161-170 (1930) 

Characteristics of the horn loud speaker and of the free radiator baTle type. 

Bowen, O. G. Sound reflector of novel design for Hollywood Bowl stage. Eng. News-Record 

104: 393-396 (1930). 

A portable shell consisting of a platform, 45 X 105 feet in plan with a superstructure in the 
form of a half truncated cone supported on a series of semi-circular steel arches. Function of 
shell is to project sound from the stage over the seating area in order that all 25,000 can hear 
equally. 

Bresky, S. Nagot om akustiken i stora lokaler. Tek. Tid., Vag och Vatten 1927: 1-2. 
Browne, C. A. Variable echoes produced by the Lincoln Memorial. Science 66: 109-110 

(1927). 

Description of echoes caused by fire works in front of Lincoln Memorial. 

Brunfaut, Jules. L’acoustique et la musique. L’ Emulation (Belgium) 45: 113-118 (1925). 

Résumé citing examples of halls with acoustic properties. 

Bureau of Standards. Architectural Acoustics. Circular No. 380 (Jan. 4, 1930) Washington, 

Govt. Print. Off., 1930. 8 p. 

Principles governing the construction of an acoustically successful auditorium. 


Calfas, P. Nouvelle salle de concert Pleyel a Paris. Génie civil] 91: 421-427 (1927). 

Description of trapezoidal music auditorium with special acoustic arrangements; experi- 
ments to determine best structural features. 

Cameron, C. W. Relation of pipe organs to architecture. Am. Arch. 122: 225-228, 244 (1922). 

Directions as to where organs should be placed in public halls, auditoriums, and theatres. 
Chase, F. M. New light musical acoustics. Etude 47: 266 (1929). 

General discussion of architectural acoustics for the musician. Description of the experi- 
ment of F. R. Watson at the University of Illinois to determine the best conditions in audi- 
toriums for both players and audience. 

Chrisler, V. L. The measurement of sound absorption by oscillograph records. J. Acoustical 

Soc. Am. 1: 418-421 (1930). 

Decay of sound in a room recorded photographically on oscillograph film. Curve of decay is 
drawn on film, leading to absorption of room. 

Chrisler, V. L. and Snyder, W. F. The measurement of sound absorption. Bur. of Stand. Jour. 

of Research 5: 957-972 (1930). 

Sound generated by electrodynamic loud speaker. Measurements with ear, oscillograph 
and milliamperemeter showed good agreement. 

Clark, Harry. Acoustic effect of wires. Science 50: 526 (1919). 

Wires without acoustic effect in auditorium. 9000 feet No. 16 copper wire were used, 
stretched crosswise and lengthwise 6 inches apart, covering 2/3 of cross-section of room. 
Clevens, D. P. Laws of sound in auditoriums. Eng. News 75: 817 (1916). 

Plea in letter to editor of magazine for architects to consider laws of acoustics before build- 
ing. 

Cooke, H. L. Acoustical control of theatre design. J. Franklin Inst. 208: 319-324 (1929). 

Fundamental principles of distribution of sound intensity in auditoriums. 
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Cooper, Alexander. Acoustical correction of Denver’s auditorium. Am. City 17: 187-191 
(1917). 
Material applied directly to ceiling and upper side of walls to prevent reverberation. 
Crocker, S. A. The heating and ventilating system and sound-proofing for the Eastman theater 
and school of music. Am. Arch. 123: 200-202 (1923). 
Crowhurst, F. S. Acoustic linings for soundproof motion picture stages and sets. Trans. Soc. 
Motion Picture Eng. 12: 828-835 (1928). 
Ideal conditions are to have small reflecting area adjacent to the artists and a dead area 
surrounding the audience or microphone. 


Davis, A. H. Reverberation equations fortwo adjacent rooms connected by incompletely 

sound-proof partition. Phil. Mag. 50: 75-80 (1925). 

. Designing for loud-speakers. Arch. 116: 371-372, 399-400 (1926). 
. The acoustics of large halls. Arch. J. (London) 63: 565-568 (1926). 

By means of a small model and ripple waves, a study was made of different halls. Discus- 
sion of time of reverberation and possibilities of electrical speech amplifiers. 

. The basis of acoustic measurements by reverberation methods. Phil. Mag. 2: 543- 

556 (1926). 

Following a short account of the derivation of the theoretical equations of reverberation 
and a résumé of the experimental laws established by W. C. Sabine, the physical phenomena 
involved in reverberation measurements are discussed. 

——., and Flemming, N. Loud speakers as a source of sound for reverberation work. Phil. 

Mag. 2: 51-64 (1926). 

., and . Sound pulse photography as applied to the study of architectural acous- 
tics. J. Sci. Instruments 3: 393-398 (1926). 
., and Evans, E. J. Measurement of abosrbing power of materials by the stationary 

wave method. Proc. Roy. Soc. A 127: 89-110 (1930). 

Coefficients, particularly for low pitches, are considerably lower than those determined by 
the reverberation method. 




















Eckhardt, E. A. Acoustics of rooms. J. Franklin Inst. 195: 799-814 (1923). 
Satisfactory acoustical properties of auditoriums may be determined before construction. 
Formulae and calculations. 
Eichhorn, A. Die Akustik grosser Raiime nach altgriechischer Theorie. Berlin, Ernst and 
Korn, 1888. 
A discussion of Greek buildings and acoustics, with applications to modern conditions. 
Elson, L. C. Acoustics: suggestions in behalf of an unpopular subject. Musical Quart. 1: 410- 
415 (1915). 
Relation of acoustics to various types of musical instruments, reasons for tones, etc. 
Elson, A. Architectural acoustics. Musical Quart. 7: 469-482 (1921). 
Discussion of natural diminution of sound, absorption, reverberation, echo, and the reme- 
dies for each. 
Engl, J. B. Some remarks on the acoustical properties of rooms. Trans. Soc. Motion Picture 
Eng. 12: 103-109 (1928). 
Short review of acoustic principles involved in reproducing and recording rooms. 
Exner, S. Ueber die Akustik von Hérsalen und ein Instrument, sie zu bestimmen. Z. Osterr. 
Ing. Arch. Ver. 57: 141 (1905). 
Discussion of good acoustical properties in a hall. Experimental determination of reverbera- 
tion. 
Eyring, C. F. Reverberation time in “dead” rooms. J. Acoustical Soc. Am. 1: 217-241 (1930). 
Theoretical paper assuming that image sources may replace walls of a room in calculating 
the rate of decay of sound, thus leading to a more general equation than Sabine’s. 
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. Residual sound in reverberant rooms. J. Soc. Motion Picture Eng. 15: 528-548 (1930). 

Conditions for which an auditorium may have more than one rate of decay of sound.This 
may be due to a shifting interference pattern or to shape of room—as for instance a balcony 
coupled to an auditorium. 


Fairchild, Leslie. Practical acoustics for musicians. Etude 45: 11-12 (1927). 

Discussion of sound, how it travels, open air acoustics and V. O. Knudsen’s experiments at 
University of Calif. The characteristics of a musical note, its intensity, pitch, and quality. 
Also discussion of musical instruments. 

Florensa, Adalfo. Notes sobre acustica de les sales. Annual, Assocn. de Arquitectos de Cata- 
luna 1925: 53-65. 

Fokker, A. D. Hyperbolische zones van Fresnel by Golfoppervlakken met dubbele Krom- 
ming en by platte Golven in dubbelerekende Media. Physica Nederland. Tijdschr. voor 
Natuurkunde 4: 166-172 (1924). 

. Over den Nagalm. Physica Nederland. Tijdschr. voor Natuurkunde 4: 262-273 (1924). 

. Sabine’s formule voor den nagalm. Physica. 7: 198-200 (1927). 

A new theoretical development of Sabine’s formula. 

Foley, A. L. Sound absorbing plaster. Am. Arch. 123: 336-338 (1923). 

Investigation of acoustic differences of two rooms finished differently. Plain plaster is not 
as absorbent as acoustic plaster. 

. Sound wave photography in the study of architectural acoustics. Am. Arch. & Arch. 
Rev. 122: 415-418 (1922). 

Description of methods and apparatus used at Riverbank laboratories, Geneva, III. 
Forbes, Alexander. Analyzed sounds. Science 62: 204-205 (1925). 

Echoes produced by roar of river near the middle of the Big Horn Canyon, observed in 
July 27, 1903. Previous records made of these echoes, Aug. 1893; not analyzed until 1903. 
Fountain, R. C. The acoustics of large auditoriums. Phys. Rev. 17: 385-386 (1921). 

Investigation of acoustics of large temporary auditorium enclosed with rough boards. 
Found large escape of sound through cracks, so that reverberation was small and acoustics 
good. 

Fournier, Lucien. Suppression of echoes. Lit. Digest 38: 924 (1909); April 24, 1909. La Nature 
(Paris). 

Through experimentation and by geometry, echoes were located in Trocadero Hall, Paris, 
G. Lyon proved that surfaces farthest removed from auditors should be absorbent, while those 
near should be reflecting. Concave surfaces should not be used. 

Franklin, W. S. Derivation of equation of decaying sound in a room and definition of open win- 
dow equivalent of absorbing power. Phys. Rev. 16: 372-374 (1903). 

A theoretical development of the formula found experimentally by Sabine. 

Franz, S. I. A noiseless room for sound experiments. Science 26: 878-881 (1907). 

Friend, W. K. Analyzing the architecture of sound motion picture theaters. The Western Arch. 
34: 79-82 (1930). 

Analysis of acoustics of theaters showing absorbing value of various types of seats. 











Galt, R. H. Methods and apparatus for measuring the noise audiogram. J. Acoustical Soc. Am. 

1: 147-157 (1929). 

By use of oscillator of the heterodyne type with one oscillating capacity fixed and the 
other continuously varying at the desired rate of six periods per second, noises in rooms were 
measured to study the effect of changes in wall absorption. 

Gardner, H., and Downie, W. Paint as an aid to proper acoustic conditions. Paint Manuf. 

Assocn. of U.S., Educ. Bur. Circ. 146 (1922). 

Gradenwitz, Alfred. Neue Studien iiber die Akustik in Konzertsilen. Radio-wien. 3: 1661- 

1662 (1927). 
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Haege, S. Bemerkungen iiber Akustik. Z. Baww. 9: 582-594 (1859). 
Hales, W. B. Acoustics of the Salt Lake tabernacle. J. Acoustical Soc. Am. 1: 280-292 (1930). 

Experimental investigation of reverberation, echoes, intensity and articulation. The taber- 
nacle is not “perfect” as usually supposed. 

Hannan, G. C. Acoustics—sound reflections. Architecture 53: 18-20; 51-52 (1926). 

Discussion of factors governing acoustics—shape, size, and material. 

Hannover, E. M. Raumakustische Sondererscheinungen. Zentr. Bauverwaltung. 48: 486-487 

(1928). 

Hart, M. The loud-speaker as a source of sound for reverberation work. Phil. \Jag. 2: 1282- 

1283 (1926). 

Heimburger, G. Simple method of finding the sound absorbing power of a building material. 

Phys. Rev. 31: 275-282 (1928). 

Comparison of absorbing powers of building materials by tube method. 

Henderson, Yandell. Musical echoes. Science 60: 282-283 (1924). 

Henry, Joseph. Acoustics applied to public buildings. Smithsonian Inst. Repts. 1856: 221-234 
(1857). 

Heyl, Paul R. Architectural acoustics as applied to auditoriums. Am. School Bd. J.73: 70, 140 

(1926). 

Résumé of official document on architectural acoustics by Paul R. Heyl, of U. S. Bureau of 
Standards. Acoustical difficulties three: echo, dead spots, and reverberation. Suggestion given 
on construction—shape, size, and interior finish must be considered. 

. Acoustics of auditoriums. Trans. Soc. Motion Picture Eng. 12: 823-827 (1928). 
Discussion of causes of echoes, reverberation, and dead spots. Examples of auditoriums. 
. Chrisler, V. L., and Snyder, W. F. The absorption of sound at oblique angles of inci- 

dence. Bur. Standards J. Research, 4: 289-296 (1930). 

Hirayama, T. On the absorption coefficient of woods. J. Inst. Japanese Arch. Inst. 44: 1205- 

1237 (1930). 

A theory for determining the absorption coefficients for different types of wood, involving 
the porosity and specific gravity. Micro-photographs show structure of the interior of the sam- 
ples. 

Holtsmark, J. Akustisck problemer. Tek. Ukeblad 46: 279-281 (1929). 

Acoustics in auditoriums and concert halls briefly described and discussed. 

Honoré, F. La solution francaise d’un grand probléme d’acoustique. L’//lustration 170: 228- 

231 (1927). 

Hoyt, J. T. N. The acoustics of the Hill Memorial Hall. Am. Arch. 104: 50-53 (1913). 
Huntley, A. G. Acoustics. J. Roy. Soc. Arts 76: 1146-1158, 1163-1177, 1181-1189 (1928). 

Acoustics of buildings. Coefficients of absorption. 

Hutton, W. R. Architectural acoustics; Hall of Representatives, U. S. Capitol. Eng. Record 

42: 377 (1906) 

A discussion of the cure of the faulty acoustics in the U. S. Hall of representatives 








Jacques, W. W. Effect of the motion of the air within an auditorium upon its acoustical quali- 
ties. Phil. Mag. [5] 7: 111-116 (1879). 

A record of experiments in the Baltimore Academy of Music showing that the ventilating 
current had a marked action on the acoustics. 

Jager, S. Zur Theorie des Nachhalls. Sitzb. Akad. Wiss. Wien. IIa, 120: 613-634 (1911). 
Translated in part under title: Acoustics of auditoriums. Am. Arch. 103: 369-374 (1915). 
An important paper giving a theoretical development of Sabine’s formula showing the fac- 

tors that enter into the constants. Considers also the case of the reflection of sound from a thin 

wall and also the case when it encounters a porous material such as a curtain. 

Johnson, E. A. Effect of reverberation time in the reproduction of sounds, J. ath. Phys. 9: 


1-10 (1930). 
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The purpose of the paper is to determine, from a consideration of the acoustical constants 
of the room in which the sounds originate and of that in which it is reproduced, the apparent 
reverberation time (T) in the latter. The time of reverberation is that taken by the sounds to 
reach 10~* of their original intensity. Expressions are found for T in terms of T; and To, the 
reverberation times for the two rooms. and it is concluded that, by using the analysis given, it 
will be possible to design studios and recording-rooms to meet any conditions of reproduction. 


Kadokura, N., and Satow, T. Model studies of distribution of sound intensities in auditoriums 

by using photoelectric cell. J. Znst. Japanese Arch. 42: 19 (1928). 

Kaye, G. W. C. Acoustics of public buildings. Engineering 122: 605-606, 638-640, 667-669 

(1926). 

Sound; acoustics of rooms and halls; theatre construction, and soundproofing 
————. The acoustics of buildings. Nature 119: 603-606 (1927). 

Discussion of echo, reverberation, intensity. 

Kellogg, E. W. Some new aspects of reverberation. Trans. of Soc. Motion Picture Eng. 14: 96- 

107 (1930). 

Knudsen, V. O. Acoustic design of architectural interiors. Arch. Eng. 79: 93 (1924). 

Conditions for satisfactory reverberation and articulation in auditoriums. 

———. Acoustic design of architectural interiors. Eng. Contr. Buildings 62: 1371-1378 (1924). 

Methods insuring good acoustics. 

. Interfering effect of tones and noise upon speech reception. Phys. Rev. 26: 133-138 

(1925). 

———. The effect of reverberation upon the quality of speech. Phys. Rev. 26: 287-88 (1925). 

Speech is more easily understood as the deadening of the room is increased, i.e., as the time 
of reverberation is made less. 

. Open air acoustics. Science 63: Suppl. 10 (1926). 

Experiments at University of California have proven that speaker may be heard more 
clearly and accurately in the open air than in auditorium. 

. Measurement of reverberation using the thermionic tube oscillator as a source. J. 

Optical Soc. Am. 13: 609-612 (1926). 

—_——. Hearing in auditoriums, effect of noise and reverberation. Arch. Eng. 84: 67 (1926); 

85: 101 (1927). 

Experiments in an open-air theater (Hollywood Bowl, Los Angeles) show that a listener 
100 feet from the speaker could understand speech better than in any Los Angeles theater. 
——— —. Acoustics in the design of auditoriums. Arch. Forum. 47: 205-224 (1927). 

Design and construction to secure satisfactory acoustics. 

—_-——. Measurement of sound absorption in a room. Phil. Mag. 5: 1240-1257 (1928). 

Oscillograph can probably be developed into precise and convenient method for measuring 
the absorption of a room. 

. The hearing of speech in auditoriums. J. Acoustical Soc. Am. 1: 56-82 (1929). 

Effect on speech articulation of size and shape of rooms, reverberation and disturbing noise. 
Conclusions lead to optimal times of reverberation, and make possible a quantitative rating 
of speech rooms. 

—. Acoustic analysis of set materials. Acad. Motion Picture Arts and Sci., Repr. 17 

(1930). 

Determination of the absorbing coeflicients of set materials used in sound picture studios. 
~———.. Theatre acoustics can be made to meet exacting requirements. Theatre Eng. 1: 62 

(1930). 

————. Acoustic design of school buildings. Proc. Nat. Assocn. of Public School Business 

Officials 17: 155-165 (1928). 

Non-technical discussion of acoustics in school buildings before a group of schcol people. 
———. Acoustics of music rooms. J. Acoustical Soc. Am. 2: 434-467 (1931). 
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Kuntze, W. Acoustics of buildings. Ann. Physik 4: 1058-1096 (1930). 

The investigation described in this paper is an extension of that described by W. Linck. 
The method employed is essentially the same in the two cases, but the present paper deals 
primarily with interference phenomena as distinct from separate echoes from the walls of the 
auditorium. The paper concludes with a discussion of the réle of binaural audition in archi- 
tectural acoustics. The original should be consulted for details of method and results. 
Kurihara, K. Distribution of sound energy in an enclosed space. Proc. Phys. Math. Soc. 

Japan. 10: 71-78 (1928). (In English.) 

Problem of irregular walls simplified by use of constant called convergence factor. Physical 
idea of focus and homogeneity as used in architectural acoustics discussed. 

Kurokawa, K. Acoustic constants of cloth. J. Jnst. Elec. Eng. Japan. Selected papers No. 12. 

(1926); also No. 415: 113-141 (1923). (In English). 

Measurements of the motional impedance made with telephone allow calculations of 
reflection and transmission coefficients. 


Larmor, J. Stifling of sound. Proc. Cambridge Phil. Soc. 26: 231-235 (1930). 

The author endeavours to deduce the stifling theoretically and points out certain tacit as- 
sumptions which are not justified, such as that the medium at a slipping interface behaves as 
a perfect fluid. Under ideal conditions the absorption should vary as the secant of the angle of 
incidence of the sound. 

Lifshitz, Samuel. Bericht iiber Untersuchung iiber die Akustik von Innenraumen. J. Russ. 

Phys. Chem. Soc. 57: 105-112 (1925). (In Russian). 

Investigation leading to equation for optimum time of reverberation. 

———. Optimum reverberation for an auditorium. Phys. Rev. 25: 391-394 (1925). 

Time of reverberation of a room depends on number of people present. Acoustics of concert 
halls are said to be in agreement with formula given. 

—_——. Mean intensity of sound in an auditorium and optimum reverberation. Phys. Rev. 27: 

618-621 (1926). 

Experiments in music and speech leading to equation for optimum reverberation. 

Linck, W. Acoustics of buildings. Ann. Physik 4: 1017-1057 (1930). 

A detailed analysis is described of the acoustic properties of various halls and buildings 
using the method developed by Schindelin and Scharstein. In this method an oscillographic 
record is made of the successive reflections of a sound impulse from the various surfaces com- 
prising the auditorium. 

Little, G. P. School acoustics. Am. School Bd. J. 74: 50 (1927). 

Walls should be treated with sound absorbing materials. Balconies are advantageous from 
acoustical standpoint. Acoustical material should be planned for, when specifications are pre- 
pared. 


Macnair, W. A. Optimum reverberation time for auditoriums. J. Acoustical Soc. Am. 1: 242- 
248 (1930). See also Bell System Tech. J. 9: 390-397 (1930). 
Theoretical paper based on assumption that the loudness of all pure tones shall decay at 

the same rate for all frequencies. 

Marage, M. Qualites acoustiques de certaines sailes pour la voix parlée. Compt. Rend. 142: 
878-880 (1906). 
An investigation of the acoustical properties of six halls in Paris. 

. Protection against sound. Compt. Rend. 173: 1016-1019 (1921). 

Maxfield, J. P. Acoustic control of recording for talking motion pictures. J. Soc. Motion Pic- 
ture Eng. 14: 85-95 (1930). 

, and Harrison, H. C. Methods of high quality recording and reproducing of music and 

speech, based on telephone research. Bell System Tech. J. 5: 493-523 (1926), 
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Time of reverberation in recording room important. Paper deals with the analysis of the 
general requirements of recording and reproducing without appreciable distortion. 
———. Technic of recording control for sound pictures. Acad. Motion Picture Arts and Sci., 
Repr. 15 (1930). 
Discussion of fundamentals of sound recording, including acoustics of recording room. 
Metal tiles for reducing noise. Jron Age 120: 1554 (1927); Sheet Metal Work 19: 6 (1927). 
Metal tiles, perforated and backed by absorbent material, used for ceilings of offices and 
factories. 
Method of correcting faulty acoustic properties of public halls. Am. Arch. 96: 18-20 (1909). 
Description of G. Lyon’s work in the Trocadero in Paris. 
Meyer, Erwin. Beitrige zur Untersuchung des Nachhalls. Elek. N sale. Tech. 4: 135-139 
(1927). 
Reverberation in room measured by an electrical apparatus. 
. Ein neues automatisches Verfahren der Nachhallmessing. Z. techn. Physik 11: 253- 
259 (1930). 
An objective method of measuring reverberation with electrical apparatus. Effect of waver- 
ing tones and humidity investigated. 
, and Just, Paul. Zur messung von Nachhalldauer und Schallabsorption. Elek. Nachr. 
Tech. 5: 293-300 (1928). 
A new method for determining the acoustic constants of a hall, by means of electric ap- 
paratus. 

















_ . Messung der Gesamtenergie von Schallquellen. Z. tech. Physik 10: 309-316 
(1929). 
Experimental work on sound absorption and sound intensity. 
—, . Ueber Messungen an schalldaempfenden Materialien. Telegraphen- u. Fern- 


sprech-Tech. 18: 40-45 (1929). 

Sound phenomena in rooms and damping by surrounding walls and objects; experimental 
arrangements for measurements; reverberation curves of nearly empty halls with and without 
covering of walls with felt; tabulation of absorption coefficients of various wall coverings. 
Michel, E. Raumakustische Sondererscheinungen. Zenir. Bauverw. 48: 486-487 (1928). 

Acoustics of whispering galleries and acoustics of multiple echoes observed in ball room of 
Berlin Palace of Kaiser Wilhelm I. 

Moulton, R. H. A new memorial to Washington. Independent 83: 21 (1915). 

Description of a proposed auditorium designed acoustically by Professor Sabine. 
Munby, A. E. American research on acoustics. Nature 110: 575-577 (1922). 

Description of Wallace Sabine laboratories at Geneva, IIl. 


Neergaard, C. F. How to achieve quiet surroundings. Modern Hospital 32: 1-16 (1929). 
Discussion of action of sound, with numerous tables of data on practical qualities of sound- 
absorbing materials in hospitals. 
. Are acoustical materials a menace in the hospital? J. Acoustical Soc. Am 2: 106-111 
(1930). 
Experiment test of bacteria in materials. 
Porous materials on ceiling favored, particularly if such materials can be washed or cleaned. 
New acoustical plaster. J. Franklin Inst. 204: 266-268 (1927); Eng. Contr. 66: 347 (1927). 
Report on work of Bureau of Standards in developing plaster to absorb 10-15% of sound. 
Norris, R. F. New way to determine echoes. Arch. Forum 48: 745-748 (1928). 
Description of apparatus used at Burgess laboratories for testing acoustics. Light from a 
small lamp is reflected from walls of small model auditorium. 
. What does an acoustical engineer do? Wisconsin Eng. 32: 149-151, 174 (1928). 
Testing of auditorium for acoustic properties; causes of distortion; method of setting up 
sound shadows; corrective measures. 
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———., and Andree, C. A. An instrumental method of reverberation measurement. J. Acous- 
tical Soc. Am. 1: 366-372 (1930). 
Electrical instruments used to generate and measure sound. Method applicable in very 

small rooms of short time of reverberation. 

North, A. T. Orchestra shell of the Hollywood Bowl. Arch. Forum 51: 549-552 (1929). 
Description of the acoustical shell in detail giving plans and materials used. 


Olson, H. F., and Kreuzer, B. The reverberation time bridge. J. Acoustical Soc. Am. 2: 78-82 

(1930). 

Use is made of the fact that sound energy in a room decays logarithmically in the same 
manner as the voltage of a charged condenser. Apparatus is built by which the sound pressure 
in a room is received by a condenser transmitter, and this is matched electrically against the 
discharging condenser, so that a galvanometer shows zero current. The time constant of the 
electrical system is calculated, and taken to represent the reverberation time. 

Orth, A. Die Akustik grosser Raiime mit speciallem Bezug auf Kirchen. Z. Baww. 22: 189-222 

(1872). Also reprint by Ernst and Korn, Berlin, 1872. 

Assumption made that sound waves behave like light waves. Discussion, with detailed 
drawings, of the paths of sound in the Zion church in Berlin and the Nicolai church in Pots- 
dam, with opinion of the effect of surfaces and materials on sound. 

Osswald, F. M. Zum Problem der Akustik Gebiiudes in Genf. Schweiz. Baust. 90: 59-66 

(1927). 

Plans, entered in competition, described from standpoint of acoustics and space economy. 
————. The acoustics of the large assembly hall of the League of Nations. Am. Arch. 134: 

833-842 (1928). 

Reduced drawings of plans of a large number of designs submitted in competition, with 
discussion of acoustic features. 

. Akustische Parabelsile. Schweiz. Bauzt. 95: 3-7 (1930). 

The acoustics of the Salle Pleyel in Paris, showing the advantage of the sound-absorbing 

plush seats and special absorbing materials on the walls at rear of the auditorium. 





Paris, E. T. On the stationary wave method of measuring sound absorption at normal inci- 
dence. Proc. Phys. Soc. London 39: 4: 269-295 (1927). 
. On the reflection of sound from a porous surface. Proc. Roy. Soc. London 115: 407- 
419 (1927). 
A theoretical paper indicating that maximum absorption takes place at an incident angle 
of 83°. 
———. Sound absorption coefficients measured by reverberation and stationary wave meth- 
ods. Nature 120: 806, 880 (1927). 
. Resonance in pipes stopped with imperfect reflectors. Phil. Mag. 4: 907-917 (1927). 
Investigation of resonance in a straight cylindrical pipe closed at one end by some material 
or mechanism which absorbs sound-energy. Mathematical theory. 
. On the coefficient of sound-absorption measured by the reverberation method. P/i/. 
Mag. 5: 489-497 (1928). 
A theoretical paper leading to a formula for determining the coefficient of absorption in- 
volving the coefficient for all angles of incident sound. 
Paris, E. T. Absorption of sound at oblique incidence. Nature 126: 9-10, 880 (1930). 
Parkinson, J. S. Area and pattern effects in the measurement of sound absorption. J. Acousti- 
cal Soc. Am. 2: 112-122 (1930). 
Experiments showing that an area of material spread out in small units absorbs more 
sound than if placed in a single area. 
Parsons, R. V. Architectural acoustics. Asbestos 10: No. 5: 3-4, 6, 8, 10 (1928). 
Sound control of building interiors. 
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us- 





. The acoustic properties of ceramic materials. Ceramic Age 15: 212-216 (1930). 
Brief history of development of auditoriums. Types of ceramic acoustical material devel- 
ery oped by Sabine, Gustavino and others are discussed. 
Petzold, Ernst. Die akustische Raumform. Bawwelt 19: 129-130 (1928). 
Discussion of conditions for good acoustics. 
———. Ein Konzertsaal mit guter Hérsamkeit. Bawwelt 19: 704-707 (1928). 
Discussion the of acoustics of the Pleyel Salle in Paris. 
. Raumakustische Ueberhéhungen. Deut. Bauhiitte 32: 30-31 (1928). 
Discussion of acoustic effect of having auditors seated as usual at increasing heights to- 
ward the rear of an auditorium. 
. Raumakustisches iiber Resonanz. Bauwelt 30: 694-696 (1929). 
Experiments on resonance in rooms. 
. Grundsiatze du Raumakustik. Deut. Bauzt. 36: 327-328 (1929). 
Fundamental laws of acoustics of rooms. Bibliography. 
—— —. Sounding surfaces. J. Acoustical Soc. Am. 2: 305-308 (1930). 
Vibrating surfaces of considerable area give a more uniform distribution of sound in a room 
‘ than point sources of sound. 
Peyser, E. R. Charm of the quiet house. House and Garden 40: 50 (1921). 
Proper construction and good equipment well placed will reduce noises. 
—66 | Phillips, T. E. Acoustics of auditoriums. Sci. Am. 112: 289 (1915). 
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Pielemeier, W. H. Pierce acoustic interferometer as an instrument for the determination of 
velocity and absorption. Phys. Rev. 34: 1184-1203 (1929). 
Sputtered quartz crystals of known frequency were used as sources of high frequency 


my. 


34: 


OL neater 








: \ sound in a Pierce acoustic interferometer. Variation of wave velocity with intensity. 
“ith : Piola, F. Fenomeni caratteristici fondamentali nella acoustica architettonica. Ingegneria 4: 
428-433 (1925). 
, Acoustics of large rooms, resonance, reverberation and absorption. 
mung Polvani, G. Density of sonorous energy in reverberation. VV. Cimento 6: 330-343 (1929). 
A theoretical study of some quantitative properties which occur in the end conditions of 
. the phenomenon, and illustrate the behavior of diffused sonorous energy in reverberation | 
— | effects when the surges of sound vary periodically and intermittently. New experimental \¥ 
” methods are suggested for the solution of acoustic problems occurring in architecture, and | 
vi- especially for finding standard reverberation time. | 
[ Powell, A. L., and Dows, C. L. Light reflection factors of acoustic materials. Trans. Ill. Eng. 
ngle Soc. 25: 882-890 (1930). 
h | Reflection of light from 68 different acoustic materials determined by a Taylor Reflecto- { 
cael meter. Painting usually increases the reflecting powers, but is likely to reduce absorbing 
5 efficiency. , 
a). Precht, J. Schallausbreitung in geschlossenen Raiumen. Verhandl. deut. physik. Ges. [3] 3: 4 
ria! 24-25 (1922). | 
hil Measurement of reverberation in a partly spherical room of 58,000 cubic meters revealed ' 
. variations due to echoes. By means of registering apparatus rapidity of speech sounds was ji 
5: tested. i 
dined ; -~ , and Quick, A. Nachhall Messungen in Réhren. Verhandl. deut. physik. Ges. [3] 4-5, : 
No. 1 (1923). j 
; Investigation of reverberation in wide tubes (elevator shafts) where Sabine‘s law did not \@ 
usti- hold. a 
Pridmore, J. E. O. A new theory of acoustics. Arch. Review 18: 27-28 (1912). , P 


possible for many of the difficult acoustic problems. Radio-activity may explain acoustic prop- 
erties of classic theatre of Greece and Rome. Reverberation and echo will be treated by a modi- 


ee | Theory that if a higher conductivity of atmosphere is an aid to sound, solution might be 
fication of magnetic field. 
) 
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Probléme de l’acoustique dans la grande salle des assembleés du futur palais de la Société 
Nations, 4 Genéve. Génie civil 91: 676-677 (1927). 
Plans and description of the large meeting room and its acoustical problems. 


Raman, C. V. Whispering galleries. Proc. Indian Assocn. Cultivation Sci. 7: 159-172 (1922). 
———, and Sutherland, G. A. Whispering gallery phenomena at St. Paul’s cathedral. Nature 

108: 42 (1921). 

— . On the whispering-gallery phenomena. Proc. Roy. Soc. London 100: 424- 

428 (1922). 

Discussion of whispering phenomenon in St. Paul’s cathedral in London. 

Ray, B. Optical analogue of the whispering gallery effect. Calcutta Math. Soc. Bull. 12: 225-230 

(1922). 

Theory explained by geometric optics. 

Raymond, E. Insulated concert hall. Bldg. Age 50: 88-89 (1928). 

Acoustical details worked out for the Curtis Institute of Music, Phila. Details of construc- 

tion for good acoustics. 
Reiher, H. Fragen der Schalltechnik. Z. Ver. deut. Ing. 69: 475-476 (1925). 
. Mittel zur Erziehung guter Raumakustik. Gesundh. Ing. 50: 164-170 (1927). 

Rules for prevention of echo and for obtaining satisfactory sound intensity. Bibliography. 
— —-—. Some problems of acoustics. Eng. Progress 8: 201-204 (1927). 

Recent research on damping of sound and vibrations and acoustics of large rooms. 
Richardson, E. G. Amplitude of sound waves in pipes. Roy. Soc. Proc. 112A: 522-541 (1926). 

Tuma’s tube method used for obtaining absorbing coefficient. Hot-wire grid employed to 
determine the displacement amplitudes. 

Ringel, A. S. Sound-proofing and acoustic treatment of RKO stages. J. Soc. Motion Picture 

Eng. 15: 352-369 (1930). 

Light, double-wall constructions were required in noisy city locations; single walls were 
satisfactory in quiet places. Reverberation times varied from 0.5 to 1 second due to use of 
absorbing materials. Ventilation was provided by exhaust fan and wall-baffled ducts. 
Rosenblatt, M. C. Problem in acoustics. Am. Arch. 130: 255-256 (1926). 

Chart showing sound absorbing value of one inch thick, hair felt. 

. Acoustical defects visualized by light rays. Am. Arch. 137: 40-43 (1930). 
Ross, I. G. An instrumental measurement of reverberation. J. Acoustical Soc. Am. 1: 31-32 

(1929). 

Time of reverberation may be measured from the growth of sound, rather than from the 
decay. 

Ruckmick, C. Recent acoustic research. Psychol. Bull. 21: 605-633 (1924). 
Sabine, P. E. Absorption of sound by rigid walls. Phys. Rev. 16: 514-518 (1920). 

Measurements show that absorption is approximately a linear function of the square root 
of the frequency. 

. Effect of humidity on sound absorption by plaster walls. Phys. Rev. 17:379(1921). 
. Architectural acoustics. The nature and reduction of office noises. Am. Arch. 121: 
441-444, 487-490, 527-529 (1922). 

. Diffraction effects in sound absorption measurements. Phys. Rev. 19: 402 (1922). 

Samples with dimensions small compared with the wavelength of the sound showed a 
greater absorption per unit area than the same material with larger dimensions. 

—-——. Music and architectural acoustics. Diapason 10: 6-7 (1922). 
. Acoustics and plaster. Sci. Am. 131: 165 (1924). 

Difficulty of hearing in rooms is due to too much rather than too little sound. Discussion 
of reverberation and absorption. Plaster tests. 

. Research in applied acoustics at the Wallace Clement Sabine Laboratory. Trans. I/li- 
nois State Acad. Sci. No. 15: 24-42 (1924). 
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————. Acoustics in auditorium design. Am. Arch. 125: 579-586 (1924). 

Study of acoustical difficulties due to concentration and reverberation. 
————. Sound absorbing plaster. Modern Hospital 23: 366-368 (1924). 

Photographs of reflection and absorption of a sound pulse generated by a heavy electric 
spark. 





. The acoustics of sound recording rooms. Trans. Soc. Motion Picture Eng. 12: 809-820 

(1928). 

———. Sound absorption coefficients of materials. Am. Arch. 135: 745-752 (1929). 

Theory and experiments, with numerical coefficients for a variety of materials. 

—-—. Measurement of sound absorption coefficients. J. Franklin Inst. 207: 341-368 (1929). 

Theory of test methods used and results of tests on 38 materials. 

——. Acoustics of the Chicago Civic Opera House. Arch. Forum 52: 599-604 (1930). 

Explanation of methods by which satisfactory acoustics were obtained. 

Satow, T. The secret of the “Roaring Dragon” in Nikko. J. Arch. Waseda Univ. No. 5 (1927). 

(Abstract in English, article in Japanese.) 

Explanation by reflections of sound of the “roaring” of the painted dragon on the ceiling of 
building at Nikko. 

. Criterion for the arrangement of seats in motion picture theatres with special refer- 
ence to picture distortion. Journ. Inst. of Japanese Arch. 42: 77-94 (1928). (In Japanese) 
. Acoustic design in the Okuma memorial auditorium. J. Arch. Waseda Univ., No. 6 

(1929). Text in Japanese. 

—__—. Acoustical analysis of auditoriums by optical treatment in models. J. Arch. Waseda 
Univ., No. 7 (1930). (Abstract in English, article in Japanese). 
-_——. Acoustics of auditoriums ascertained by optical treatment in models. Paper 118, 

W orld Engineering Congress, Tokyo (1929). 

Model of section of auditorium used. Light source at position of speaker sends rays, made 
visible by smoke, that are reflected from metallic boundaries of model. 

. The fundamental analysis of hearing in auditoriums. The basis of acoustical design. 
J. Inst. Japanese Architects. 44: 2107-2117 (1930). (In Japanese) 

. Critical survey of reverberation theories. J. Inst. Japanese Architects 44: 2065-2106 
(1930). 

Discusssion of work of Sabine, Franklin, Jager, Buckingham, Watson, Eyring, etc. 

. Acoustics of the Hibiya Municipal Auditorium, Tokyo. The Japanese Architect. 7: 14 

(1930). (In Japanese). 

Schaeffer, J. S. Noises in buildings; a remedy. Eng. World 29: 223-224 (1926). 

Statement that lime plaster has necessary properties for proper absorption of sound. 
Scharstein, E. Beitraege zur Raumakustik. Ann. Physik 2: 163-193 (1929). 

Article is based on study of W. Schindelin in same journal and same apparatus and methods 
are used; investigations are made of slightly damped rooms of University of Munich; measure- 
ments are taken of entrance of hall which gives good results for purpose of investigation; like- 
wise of slightly damped conference room, and of large auditorium; test results, conclusions 
and oscillograms are given. 

, and Schindelin, W. Beitraege zur Raumakustik. Ann. Physik 2: 194-200 (1929). 

Auditorium of Albert-Ludwigs-University in Freiburg with very poor acoustic properties 
investigated and measured according to methods of W. Schindelin described in same journal; 
test arrangement and results are given. 

Schindelin, W. Beitraege zur Raumakustik. Ann. Physik 2: 129-162 (1929). 

Theoretical study of impact tests of shot fired in room; methods are applied to acoustically 
simple rooms. 

Schlenker, V. A. A truck-mounted laboratory for the diagnosis of theater acoustics. J. Soc. 

Motion Picture Eng. 16: 302-314 (1931). 

The truck carries electrical apparatus that allows generation of various sounds and pure 
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tones in a theater, with electrical recording devices, including an oscillograph that allows 
photographs to be taken of the various acoustic phenomena. Reverberation, echoes, and loud- 
ness are measured. 

Schmidt, Lorentz. Acoustical treatment of classrooms. Arch. Forum 37: 111 (1922). 

Discussion of definite materials used on classroom ceiling to prevent reverberation. Much 
of article devoted to causes of increased reverberation in rooms and reasons for the greater 
need for its elimination. 

Schuster, K. Berechnung der Schalldichte in einem Kugelformigen Raume. Ann. Physik 1: 

696-700 (1929). 

Theoretical treatment of special case of echo in an enclosed space. 

, and Waetzmann, E. Uber den Nachhall in geschlossenen Raumen. Ann. Physik 1: 

671-695 (1929). 

Theoretical treatment of duration of echo in an enclosed space, and its bearing on the 
acoustical properties of halls. 

Sheldon, H. H. Acoustical research in auditoriums. Sci. Am. 134: 298-299 (1926). 

Elimination of echoes by acoustical study of rooms having bad acoustics. 

Slidell, K. Photo-echo study for acoustics of buildings. Eng. News-Record 100: 899-900 (1928). 

Analysis of acoustic properties of buildings from plans and models. Three methods used: 
significant section of room to be studied. 

Stevens, F. B. Jr. Specifications for acoustics. Pencil Points 10: 359-360; 363 (1929). 

Specifications to prevent reverberation confusion of sound within inclosed spaces. Part of 
these specifications taken from “Stevens’ Master Specifications,” edited by Stevens, 1929. 
Stewart, G. W. Architectural acoustics. Sibley J. Eng. 17: 295-313 (1903). 

An account of an investigation leading to the correction of the acoustics of Sibley audi- 
torium at Cornell University. 

. Architectural acoustics. Some experiments in reverberation. Piiys. Rev. 16: 379-380 

(1903). 

Stoney, G. J. On modes of dealing with echoes in rooms. Sci. Proc. Roy. Dublin Soc. 4: 53-56 

(1885). 

Early work in architectural acoustics. Canvas stretched over head of speaker is aid. Con- 
cert halls may be freed from echoes by lining walls and ceiling with canvas at a slight distance 
from wall. 

Strutt, M. J. O. On the acoustics of large rooms. Phil. Mag. 8: 236-250 (1929); J. Sci. 8: 

236-250 (1929). 

Paper discusses oscillations in continuous medium with arbitrarily distributed absorption, 
and shows Sabine’s law to be general asymptotic property of such oscillations, if quotient of 
forced frequency over lowest free frequency of system tends to infinity; experimental features 
are discussed from this point of view; prevalence of Sabine’s law in other departments of 
physics. 

. Acoustics of large halls. Z. angew. Math. Mechanik. 10: 360-368 (1930). 

Author shows that Sabine’s law of reverberation is a general asymptotic property of the 
free and forced vibrations of the enclosure if the quotient of the forced frequency by the 
lowest natural frequency of the system is a large number. Problems are referred to in other 
parts of physics to which Sabine’s law may be applied. 

. Automatic reverberation-measuring instrument. E. V.7. 7: 280-282 (1930). 

Electrical apparatus giving an accurate measure of the period of reverberation. The whole 
measuring equipment is portable. 

Sturmhofel, A. Akustik des Baumeisters. Berlin, Schuster and Bufleb, 1894. 














An 87-page pamphlet on the acoustics of rooms. Effects of relief work, in rooms on sound. 


Account of experimental work. References to auditoriums. 
Sutherland, G. A. Architectural acoustics. Sci. Prog. 17: 101-119 (1922); Sci. Am. 128: 171 
(1923). 
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. Acoustics of the auditorium. J. Roy. Inst. British Arch. 30: 608-620, 637-645 (1923). 
Nature and propagation of sound; applications to acoustics. 
. Auditorium acoustics and the loud speaker. J. Inst. Elec. Eng. London 62: 280-283 

(1924); Proc. Phys. Soc. London 36: 142-148 (1923). 

Mathematical statement of acoustical rinciples. Suggests distributing listeners in a num- 
ber of small rooms with a loud speaker in each room. 

. Sound in modern buildings. Discovery 9: 82-85 (1928). 

Acoustic problems in large English auditorium based entirely on acoustic principles. 
Swan, C. M. Architectural acoustics. J. Am. Inst. Arch. 7: 548-550 (1919). 

Problem of prevention of sound-transmission not solved. Discussion of auditorium acous- 
tics as to reverberation, corrective materials, felt on walls, ceramic tile, and artificial tile; 
sounding-boards not practical. Excessive reverberation causes loss of energy in office build- 
ings. Echoes, resonance and interference discussed. 

———. Reduction of noise in banks and offices. Arch. Forum 38: 309-310 (1923). 

Noises reduced by application of absorbent materials to walls and ceilings. Sabine’s princi- 

ple discussed. 

. Quiet for hospitals. Arch. Forum 49: 935-937 (1928). 

Use of sound absorbing materials in corridor ceilings and in the kitchen. 

. Noise problems in banks. Arch. Forum 48: 913-916 (1928). 
Classification and discussion of materials used for soundproofing in banks. 
. Reduction of noise in hotels. Arch. Forum 51: 741-744 (1929). 

Discussion of the treatment of ceilings and walls of rooms with an absorber; correct pro- 
portion of curvature of ceiling to prevent reverberation. Noise transmission is discussed, and 
some remedies are given; air-borne sounds also discussed with their prevention. 

. Acoustics of picture theatres. Arch. Forum 51: 545-548 (1929). 

Reverberation, location of soundproofing material, noise and sound sources. 

C. F. T. Romance of echoes. Sci. Am. 106: 69, 76 (1912); Sci. Am. Supp. 71: 30 (1911). 

Discussion of echoes: those that repeat words after original sounds cease, those that repeat 
single words many times, harmonic echoes do not repeat identical sounds. 























Tallant, Hugh. Hints on architectural acoustics. Brickbuilder 19: 111, 155, 199, 243, 265 (1910). 
A series of articles giving an exposition of the principles of the subject with practical appli- 
cations. 
———. Acoustical design in the Hill memorial auditorium, University of Michigan. Brick- 
builder 22: 169 (1913); see also plates 113, 114, 115. 
A discussion of the acoustical results obtained in this auditorium, a special feature being 
the action of a huge parabolic reflecting wall surface over the stage. 
. Architectural acoustics. The effect of a speaker’s voice in different directions. Brick- 
builder 22: 225 (1913). 
. Acoustic engineering. Bull. U.S. Navy. Public Works 29: 7-33 (1918). 
Detailed description of acoustics of lecture hall at Annapolis. Lists materials used and 
their properties. 
Tallqvist, H. Ekoproblem. Tek. Foreningens i Finland Fordhandlingar 49: 179-187 (1929). 
Acoustical problems of rooms of different shapes are treated and formulas are derived 
with which problem may be solved. 
Taylor, H. O. A direct method of finding the value of materials as sound absorbers. Phys. 
Rev. 2: 270 (1913). 
Method used by which standing waves are set up in a tube, with the absorbing material at 
one end. 
Tests establish sound properties of hollow tile walls. Brick Clay Record 73: 830-831(1928). 
Report on test method with results. 
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Trendelenburg, Ferdinand. Experimentalbeitrag zur Raumakustik. Wiss. Veriffentlich. 

Siemens- Konzern 6: 276-282 (1927). 

Experimental work in the growth and the decay of sound in the Cologne cathedral. 

. Sound probing. Z. Hochfrequenztechn. 28: 54-64, 84-91 (1926). 

Measurements in a sound field, theoretical treatment‘of sound receivers, methods of 
probing, speech and musical sounds, influence of distortion upon speech perception. Methods 
and results under above headings. 

Tucker, M. S. Acoustical problems. Engineering 117: 810-811 (1924). 

Abstract of lectures on mathematical study of acoustics of indoor and outdoor spaces. 
Tuma, J. Eine Methode zur Vergleichung von Schallstirken und zur Bestimmung der Re- 
flexionsfahigkeit verschiedener Materiallen. Akad. d. Wiss. Wien. Ber. 3: 402 (1902). 

Absorbing coefficients determined by measuring the change in pressure amplitudes in 
standing waves in a tube when the material was placed at one end. 





Waterfall, W. Making acoustical analyses. Bull. Minn. Fed. Arch. Eng. Soc. 12: 18-26 (1927)- 
Same general analytical method may be applied to auditoriums of all sizes and classes but 
different methods must be used for offices, factories, and other places where quiet is desired. 
. Acoustical treatments in small auditoriums. Am. Arch. 129: 513-516 (1926). 
Watson, F. R. Echoes in the auditorium. Phys. Rev. 32: 231 (1911). 
An abstract giving an account of the experiments in the auditorium at the University of 
Illinois. 
. Inefficiency of wires as a means of curing defective acoustics of auditoriums. Science 
35: 833 (1912). 
—-_—. The use of sounding boards in an auditorium. Phys. Rev. 1: 241 (1913); a more com- 
plete article in Brickbuilder 22: 139-141 (1913). 
———. Air currents and the acoustics of auditoriums. Eng. Record 67: 265-272 (1913). 
A detailed account giving theory and experimental work, with application to ventilating 
systems in auditoriums. 
. Acoustics of auditoriums. Univ. of Illinois Eng. Exp. Sta., Bull. 73. 1914. 32 p. 
Reprinted Sci. Am. Supp. 78: 358, 380 (1914). 
Investigations of an auditorium. Method of improving faulty acoustics. Bibliography. 
. Acoustical effect of fireproofed cotton-flannel sound absorbers. Eng. News 71: 261 
(1914). 
Results of experiments showing that cotton-flannel has practically the same absorbing 
power after fireproofing as before. 
————. Acoustics of theatres. The Play-book, Madison, Wis. 2: 19 (1914). 
————. Acoustics of auditoriums. Concerning the theory of reverberation. Am. Arch. 108: 
369-374 (1915). 
A translation of an important paper by G. Jager on the theory of reverberation showing the 
limitations of halls in regard to acoustics. 
—-——. Correction of echoes and reverberation in the auditorium at the University of Illinois. 
Univ. of Illinois Eng. Exp. Sta., Bull. 87, 1916. 20 p. 
Modification of interior, materials used; final investigation. Bibliography. 
~—. Acoustics of buildings from the standpoint of music. Proc. of Music Teachers Natl. 
Assocn. 12: 72 (1918). 
———. Architectural acoustics. Arch. Forum 32: 249-252 (1920). 
————. Acoustical properties of buildings. J. Western Soc. Eng. 26: 241-247 (1921); Eng. 
Contr. 57: 182-184 (1921). 
Soundproofing of various rooms is an important problem. 
—~——. Perfect acoustics of the Eastman theater. Motion Picture News 27: 354 (192 3). 
—_——. Acoustics of Great Hall of Wesley Foundation at University of Illinois. Western Arch. 
32: 56-57 (1923); Eng. Contr. 59: 1423-1424 (1923). 
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Factors determining acoustic properties; design features and advantages of sound absor- 
bents. 
~~~, Acoustics of church auditoriums. Arch. Forum 40: 167-170 (1924). 
Features of design; materials to be used; effect of audience on acoustics. 
—. Acoustics of auditoriums. J. Franklin Inst. 198: 73-83 (1924); Arch. Build. 57: 59-62 
(1925). 
Mathematical equations for loudness of voice and time of reverberations based on proper- 
ties of auditorium acoustically good according to public opinion. 
-__—. Acoustics of Eastman theatre, Rochester, N. Y. Am. Arch. 128: 31-34 (1925). 
Steps taken to design this theatre correctly are set forth in detail. 
—--—, Acoustics of auditoriums. Investigation of the acoustical properties of the armory at 
the University of Illinois. Brickbuilder 24: 257 (1925). 
~~, Making the hospital quiet. Mod. Hosp. 26: 245-248 (1926). 
—~---—, Optimum conditions for music in rooms. Science 64: 209-210 (1926). 
Experiments showing that musicians want reverberant space, but for listening, ‘‘dead”’ 
conditions are desired. 
-——, Acoustics of motion picture theaters. Trans. Soc. Motion Picture Eng. 11: 641-650 
(1927). 
———~. The acoustics of churches. Western Arch. 36: 178-181 (1927). 

Some details of acoustics of churches, with numerical example of acoustic solution. 
--_—. Acoustics of auditoriums, Optimum time of reverberation. Arch. 55: 251-254 (1927). 
-—. Acoustic design of churches. Arch. Build. News (London) 118: 929-930 (1927). 
-~.—~, Absorption of sound by materials. Univ. of Illinois Bull. 172: 5-27 (1927); Eng. 

Contr. 67: 473-475 (1927); Engineering 126: 90 (1927). 
Tests of materials. Painting and decorating of materials are important factors. Absorption 
of sound is due to porosity, compressibility and elasticity. Bibliography 
————.. Ideal auditorium acoustics. J. Am. Inst. Arch. 16: 259-267 (1928); Eng. Contr. 67: 
620 (1928) 
Generation and decay of sound. Best conditions obtained with suitable reflecting walls 
near the speaker and with audience room as dead as outdoors. 
————. Can you hear the speaker? Building Age 50: 162-163 (1928); Eng. Contr. 66: 566-568 
(1928). 
Principles governing distribution of sound in buildings; important considerations for good 
acoustics in auditoriums. 
-. Acoustics of auditoriums. Science 67: 335-338 (1928). 
Possibility of indoor theatre with good acoustics of outdoor theatre. Bibliography. 
———. Graphical representation of the reverberation equation. J. Acoustical Soc. Am. 1: 
47-55 (1929). 
Equations and graphs for growth and decay of sound in rooms in terms of intensity and 
loudness. 
—- ~. Influence of shape and materials on the acoustics of church auditoriums. Arch. 
Forum 50: 441-446 (1929). 
Effect of curved wall, parabolic reflector, soundproofing materials, etc. Examples of several 
types of churches given. 
———. Acoustics of buildings. Paper 143, Proc. World Eng. Cong., Tokyo (1929). 
Survey of acoustical work done in various countries, with bibliography. 
. Acoustics of buildings. Jn Hool, G. A., and Johnson, N. C., Handbook of building 
construction, pp. 747-753 (1920); also 2nd ed., pp. 754-761 (1929). 
A condensed account of acoustics of buildings. 
———. Acoustic correction of auditoriums. Eng. News-Record 104: 105-108 (1930). 
On basis of new research, acoustics of room can be prescribed with certainty of success; 
action of sound in room; echoes and other acoustical defects; table of sound absorbing coef- 
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ficients; critical times of reverberation for rooms of different volume; recent tests of absorbing 
materials; coefficients of absorption of opera chairs. 
. Acoustics of Lincoln Hall theater at the University of Illinois. J. Acoustical Soc. Am. 

2: 103-105 (1930). 

An attempt to imitate outdoor acoustics. The auditorium is deadened, and reflecting walls 
are provided nearby for the speakers. 

. Control of sound in buildings. Heating, Piping and Air Conditioning 2: 992-996 (1930). 

Condensed discussion of acoustics of buildings, with particular mention of acoustic control 
of ventilation. 

Wente, E. C. Multiple walls for the absorption of sound. Science 67: Supp. 14 (1928). 

E. C. Wente and E. H. Bedell, at Bell Telephone Laboratories, have discovered that 
multiple walls are most efficient absorbers for deep musical sounds. Auditoriums and studios 
need thin perforated partitions set a short distance out from main wall. High pitched sounds 
are absorbed by layers of felt, porous “acoustic tile,” or wool fiber mixed with felt. 

. Speech interpretation in auditoriums. Bell. Lab. Record 7: 47-50 (1928). 

General discussion of acoustics, causes of poor reception, energy and absorption of sounds. 
Wood panelling, dead walls and absence of hangings are recommended. 

. Effect of acoustics of an auditorium on the interpretation of speech. Am. Arch. 134: 

259-261 (1928). 

Basis for acoustic treatment of rooms. Best auditoriums are said to be those which are 
sufficiently dead but free from hangings or other porous materials. 

, and Bedell, E. H. The measurement of acoustic impedance and the absorption co- 

efficient of porous materials. Bell System Tech. J. 7: 1-10 (1928). 

Standing sound waves in a tube used to determine acoustic impedance and absorbing co- 
efficient of material. 

_ . A chronograph method of measuring reverberation time. J. Acoustical Soc. 

Am. 1: 422-427 (1930). 

An electro-acoustical “ear” of controlled threshold sensibility is used to measure reverbera- 
tion time. 

West, A. G. D. A tour round Savoy Hill. Wireless World 20: 225-229 (1927). 

Construction of room discussed; amount of reverberation for different performances calcu- 
lated. Artificial methods of creating desired echo-effects. 

West, W. Some tests on sound absorbing materials. J. Post Off. Elec. Eng. 20: 127-133 (1927). 

Results of research on a few sound absorbing materials. 

Whitman, F. P. On the acoustical efficiency of a sounding board. Science 38: 707 (1913). 

A short account of experiments made to determine the effect of a sounding board on the 
acoustical qualities of a chapel. 

. On the acoustics of the chapel of Adelbert College. Science 42: 191 (1915). 

A continuation of the previous work giving description of tests of acoustics after the chapel 
had been corrected for reverberation. 

Williams, W. M. Echo in Albert Hall. Nature 3: 469 (1870-1871). 

Observations on the shape of Albert Hall in London and the echoes set up. 

Wolf, S. K. Theater acoustics for reproduced sound; also reproduction in the theater. Acad. 
Motion Picture and Sci., Repr. 6 (1930). 

Discussion of reverberation, intensity and optimum reverberation time. 

, and Sette, W. J. Acoustic power levels in sound picture reproduction. J. Acoustical 

Soc. Am. 2: 384-398 (1931). 

Power levels for sound picture reproduction with reference to the ear, the auditorium and 
the electrical system. Equations and curves relating required acoustic power and theater vol- 
ume are derived. Experimental data substantiates the theory. 

Wright, M. Successful inventors. Sci. Am. 137: 23-25 (1927). 

Berliner’s acoustic tile described on page 25. 
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. 


Zenneck, J. The importance of radio telegraphy in science. Proc. Inst. Radio Eng. 17: 89 
(1929). 
Oscillograph record was obtained of direct and reflected sound in rooms. 

. Acoustics of rooms. Tijds. Nederland Radiogenootschap 14: 71-79 (1929). 
Investigation, with the aid of oscillograms, of the acoustic properties of various rooms and 

halls. Discussion of observations. 

Zerbee, L. F. J. Instance of the parabolic reflector reversed. Sci. Am. 113: 235 (1915). 
Galveston sea wall as a sound reflector; wall section of a parabola. 





PART III 


SOUND-INSULATION 
Including transmission and reflection of sound 


A sound-proof building. Bldg. Age 38: 62-63 (1916); Sci. Am. 114: 454 (1916). 
Building with sound-proof rooms for the study of music at Evanston, II]. Discussion of de- 
tails as to how the rooms were constructed, and ventilation of each. 


Backhaus, H. Uber Strahlungs- und Richtwirkungseigenschaften von Schallstrahlern. Z. tech. 

Physik 9: 491-495 (1928). 

Berger, R. Grundlagen der technischen Akustik. Z. Ver. deut. Ing. 66: 709-715 (1922). 
Berger, R. Uber die Schalldurchliassigkeit. (Doktor-Ingenieurs Dissertation, Tech. Hoch- 

schule, Miinchen, 1911, pp. 42.) 

Three parts,—measurement of sound intensity, theory of propogation of sound, and ex- 
perimental investigation of sound transmission. Experimental data for variety of materials. 
Bien, V. T. H. Sound insulation and absorption. House Beautiful 66: 75; 104 (1929). 

Studies in sound insulation. Transmission of sound through walls. Absorption of sound by 
various materials. 

Boyle, R. W., and Taylor, G. B. Reflecting power of various materials for ultrasonic waves. 

Trans. Roy. Soc. Can. [3] 20: 245-257 (1926). 

———, and Lehman, J. F. The relation between the thickness of a partition in a medium and 

its reflection of sound waves—by the ultrasonic method. Pirys. Rev. 27: 518 (1926). 

- : . Passage of acoustic waves through materials. Trans. Roy. Soc. Can. {3} 21: 

115-125 (1927). 

Experimental investigation of reflection, absorption and transmission of ultrasonic sound 
waves with thin plates. 

. Transmission of sonic and ultrasonic waves through partitions. Nature 121: 55-56 

(1928). 

Experiments with ultrasonic waves offer possibilities for a more complete experimental 
solution of certain acoustic problems than if carried out with low or ordinary pitched sounds. 

Short paragraph on materials used for absorption. 

, and Sproule, D. O. Transmission of sound energy and thickness of plate transmitter 

at normal incidence-ultrasonic method. Can. J. Research 2: 3-12 (1930). 

Experimental method for determining reflection from and transmission through parallel 
faced partitions of sound energy of short wave lengths. Six references. 

——-—, and Taylor, G. B. The small effect of high frequency on the velocity of longitudinal 

waves in liquid. Trans. Roy. Soc. Can. [3] 19 III: 197-203 (1925). 

The reflecting power of various materials for ultrasonic waves. 

Buckingham, E. Theory and interpretation of experiments on the transmission of sound 
through partition walls. Bur. Standards Sci. Papers No. 506. 1925; Bull. Bur. Standards 

20: 193-219 (1925). 
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Discussion of work of Sabine. Proposed test methods; theory of reverberation; methods of 
measuring acoustic transmittance. 
Butler, Charles. Prevention of sound travel in hospitals. Arch. Forum 37: 287-288 (1922). 
Discussion of the use of acoustic felt on ceilings and upper parts of walls to prevent trans- 
mission of sound, also, use of cork, rubber, or linoleum on floors. 
Chrisler, V. L. Transmission of sound through building materials. Bur. Standards Sci. Papers. 
No. 552. 1927. Bull. Bur. Standards 22: 227-235 (1927). 
Report of tests on stud partitions, masonry walls, and compound walls. 
. Soundproofing of apartment houses. Bur. Standards Tech. Papers. No. 337. 1927. 6p. 
Theory of sound transmission through various types of floors and walls. 
. Sound insulation. A discussion of some of the principles involved. Arch. 57: 87-90 
(1928). 
. Soundproofing apartment houses. Arch. Forum 50: 623-627, 765-767 (1929). 
Description of tests, and the results, on panels of different materials at Bureau of Stand- 
ards. 











, and Snyder, W. F. Transmission of sound through wall and floor structures. Bur. 

Standards J. of Research 2: 541-559 (1929); Génie civil 95: 132-133. 

Report of work on sound transmission through masonry walls and floors which are homo- 
geneous in construction, compound walls and floors which have masonry core, and stud walls; 
tests for impact noises; specifications for construction of various panels. 

; . Soundproofing of airplane cabins. Bur. Standards J. Research 2: 897-908 

(1929). 

Sources of noise are engines and air propellers. Electrical instruments used for generating 
and measuring sound. Tested 40 materials from thin metals to double panels with absorbing 
material in center. 

. Measurement of sound transmission. J. Acoustical Soc. Am. 1: 175-180 (1930). 

Apparatus and methods used at U. S. Bureau of Standards, with results obtained. 
Chrisler, V. L. Sound transmission of materials. Amer. Arch. 138: 32 (1930). 

, and Snyder, W. F. Recent advances in sound absorption measurements. J. Acoustical 

Soc. Am. 2: 123-128 (1930). 

Absorption coefficients calculated from oscillograms of decaying sound. Results compare 
favorably with those obtained by ear. New data are given for absorption of people and 
occupied chairs. 

Cox, H. E. Soundproof features of substation design prove effective. Elec. Ry. J.66: 236(1925). 
Crawford, D. M. Sound generating and measuring apparatus. Science 68: 209-211 (1928). 
Description of electrical apparatus intended mainly for study of architectural acoustics. 

















Davidson, R. L. Soundproofing apartments. Arch. Record 65: 290-306 (1929). 

Detailed data on acoustic properties of various materials and on a number of types of 
soundproof construction. 

Davis, A. H. The analogy between ripples and acoustical wave phenomena. Proc. Phys. Soc. 
London 28: 234-245 (1926). 

———, and Littler, T. S. The measurement of transmission and reflection of sound by parti- 
tions of various materials. Part I. Measurement of felt-like materials. Phil. Mag. [7] 3: 
177-194 (1927). 

- : . Transmission of sound through partitions. Part II. Vibrating partitions. Phi/. 
Mag. [7] 7: 1050-1062 (1929). 

Experimental investigation of transmission of sound through vibrating partitions, ranging 
from a sheet of paper to single and double board partitions and a brick wall. 

. Some acoustical phenomena illustrated by ripples—transmission through Quincke 

filters, curved conduits and vibrating partitions. Proc. Phys. Soc. London 40: 90-93 (1928). 

. Sound transmission through partitions. Building 5: 232-234 (1930). 
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Experimental results to show relation between sound reduction and weight of partition. 

Dryden, H. L. Silencing the airplane—experiments and investigations by aeronautics branch 
of the Department of Commerce. Am. Soc. Mech. Eng., Advance Paper Meeting of May 
19-22, p. 1-4 (1930). 


Eckhardt, E. A., and Chrisler, V. L. Sound insulating properties of partition walls. Am. Arch. 
128: 405-411 (1925). 
Tests on panels of partition wall at Bureau of Standards. 
. Transmission and absorption of sound by some building materials. Bur. 
Standards Sci. Papers. No. 526. 1926. Bull. Bur. Standards 21: 37-63 (1926). 
Specifications for test panels; description of test panels; results of tests. 
: , Quayle, P. P., and Evans, M. J. Transmission of sound through voice tubes. 











Bureau of Standards investigation on speaking tubes similar to those used in ships. A dis- 
cussion of sound filters is given and a note on the absorption in rigid pipes is appended. 
Eisenberg, K. B. Versuche iiber die Schalldurchlassigkeit von Baumaterialien fiir Luftschall. 

Gesundh. Ing. 51: 107-111 (1928). 

Electrical measurement of sound insulating properties of cement, gypsum, gravels, slags, 
etc. 


Firestone, F. A. Technique of sound measurements. J. Soc. Automotive Eng. 19: 461-466 
(1926). 
Description of electrical and mechanical instruments for measuring sound. 

Fokker, A. D. Over het anomale Phasenverloop bij een Brandpunt. Physica Nederland. 
Tijdschr. voor Natuurkunde 3: 334-337 (1923). 


Green, L. Soundproofing the New York life insurance building. Am. Arch. 135: 411-412 
(1929). 


Hahn, M., and Eisenberg, K. B. Untersuchungen ueber die Schalldaempfung durch Bauma- 
terialien. Gesundh. Ing. 51: 41-43 (1928). 
Hygienic importance of soundproof construction; apparatus for measuring sound perme- 
ability of materials. 
Heimburger, G. Sound insulating properties of some building materials. Am. Arch. 133: 125- 
128 (1928). 
Apparatus, tests and results. Investigation performed at Royal Inst. of Sweden. 
Henry J. Researches in sound: with special reference to fog signaling. Annual reports of the 
U.S. Light- House Board, 1874-1877, pp. 455-559. 
Sound is reflected and refracted at the boundary of gases differing in density and temper- 
ature. 
Hesehus, N. Ueber das Schalleitungsvermégen der Koérper. J. Russ. Phys. Chem. Soc. 17: 
326-330 (1893); Fortschritte Physik 43: 542 (1893). 
How rubber helps talkies. Jndia Rubber World 81: 63-64 (1930). 
The use of rubber in rooms for acoustic purposes. 


Iketani, S. Some considerations on the theories of transmission of sound through partitions 
and its measuring methods. Waseda University Arch., Proc. No. 8, March (1931). (In 
Japanese). 

Discussion of differences in data obtained by various labrratories, with suggested correc- 
tions. 

Impact on bridges. Science 54: 625 (1921). 

New instrument devised by the Bureau of Public Roads of the United States Dept. of 

Agriculture which measures the effect of every shock and blow delivered by moving vehicles 

in crossing a bridge. Photographic record. 








40 JOURNAL OF THE ACOUSTICAL SOCIETY — [Juty, 


Jones, S. W., and Kern, L. E. Sound deadening floors. J. Am. Inst. Arch. 9: 26-27 (1921). 


Karapetoff, V. Audible electric signals in industrial plants, and acoustical engineering. J. Am. 

Inst. Elec. Eng. 39: 13-19 (1920). 

Discussion of architectural acoustics, measurement of sound intensity, experimental! study 
of the propagation of sound waves and the vibration of diaphragms. 

Karcher, J. C. Method for the measurement of sound intensity. Bur. Standards Sci. Papers. 

No. 473. 1923. Bull. Bur. Standards 19: 105-111 (1923). 

Description of sound detecting instrument with sensitivity range of about a millionfold. 
Katel, J. L’isolement acoustique des constructions et des machines. Génie civil 95: 480-483 

(1929). 

Details of various sound-damping schemes for floors, partitions, and foundations of electric 
motors using various patented artificial materials such as absorbit, korsil, katelit, korfund, etc. 
Kerth, E. C. Bureau of Standards tests sound transmission and insulation of tile partitions. 

Brick Clay Record 71: 568 (1927). 

Selected materials from those tested by Bur. of Standards are listed with their acoustic 
properties. 

Kietz, H. Messung der Schalldurchlassigkeit mit Hilfe des Hitzdrahtmikrophons. Physik. Z. 

30: 145-160 (1929). 

King, N. V., and Shaw, A. N. On the transmission of sound through earth and rock. Proc. 

Roy. Soc. Canada 11, TIT: 73-84 (1917). 

Kirkpatrick, W. D. Sound in engineering and navigation. Engineer 130: 658-660 (1920). 

Discussion of sounds transmitted through water to vessels; use of Fessenden oscillator. 
Knowles, A. E. Sound transmission of a partition. Phil. Mag. 10: 342-344 (1930). 

Instrumental measurements with electrical apparatus leading to calculation of sound trans- 
mission. 

Knudsen, V. O. Measurement and calculation of sound insulation. J. Acoustical Soc. Am. 2: 

129-140 (1930). 

Theory and experiments attempting to reconcile conflicting data from different labora- 
tories. 

‘“—. Insulation of vibration. Phys. Rev. 32: 324 (1928). 
Kreiiger, H. Research into acoustic problems in buildings. Ingenidrsvetenskaps- Akad. Hand- 

lingar, Nr 38 (1924). 

Describes apparatus for measuring transmission of sound, with results obtained. 

. Ljudisoleringsundersékningar i Nordamerikas Forenta Stater. Medelande No. 6 fran 
Kungl. Tekniska Higskolans Byggnadstekniska Institution Stockholm (1926). 

. Synpunkter i fraga om rumsakustik och ljudisolering. Tek. Tid., Vag och Vatten. 
pp. 43-45 (1927). 

. Underséknigar rérande byggnadskonstruktioners ljudisolering formaga. Jngeniérs 

vetenskaps Akad. Handlingar, No. 74 (1927). 

Research on acoustical problems of buildings. Properties of various materials, forms of 
windows, etc. 














Lindenau, H. Schallisolierungen im Hochbau. Bauingenieur 9: 316-320 (1928). 
Comparisonof soundproofing with heat insulation.General characteristics of soundproofing 

materials. 

McGinnis, C. S., and Harkins, M. R. Transmission of sound through porous and non-porous 
materials. Phys. Rev. 33: 128-136 (1911). 

Martin, W. H. Decibel—The name for the transmission unit. Bell System Tech. J. 8: 1-2 
(1929). 
New term for the “transmission unit” based on a power ratio of 10'. Has bibliography of 

ten references. 
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21). Meyer, Erwin. Messung und Begutachtung von Schallisolierstoffen. Die Schalltech. 3: 23-27 
(1930). 
1m. Suggestion that logarithm of the reciprocal of the reduction factor be called Schallisolation- 


ziffer. Simple experimental methods for determining this quantity are given. 
. Schallisolation und Schallabsorption. Z. Ver. deut. Ing. 74: 273 (1930). 
Description of recent electroacoustic procedures used at the Heinrich Hertz Institute for 
ers. the measurement of sound insulation and sound absorption. 
Michel, E. Der Schallschutz in Hochbau. Zenir. Bauverw. 49: 633-635 (1929). 

Results of experimental determination of sound transmission through various building 
materials and through elements of buildings, such as doors and windows; typical designs for 
various building elements to insure greatest sound insulation. 

Motley, J. G. Sound-proof rooms. Bell Lab. Record 6: 322-324 (1928). 

Design of sound-proof room. States that 13 rooms have been built according to design 

given and these are sound-proof. 
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Neergard, C. F. Correct type of hardware will help eliminate noise. Hospital management, 
Feb. (1931). 
Friction hinges cause doors in hospitals to operate more quietly. A rubber roller castor at 
the bottom of the door holds it open at any desired position. 
Norton, C. L. Soundproof partitions. Jnsurance Eng. 4: 180 (1902). 
An account of experimental tests of the soundproof qualities of materials that are also 
fireproof. 


istic 


roc. 


Protection against noise and vibration. Sci. Am. Supp. 85: 57 (1918). 
“Air noises” minimized by air-tight enclosures. “Ground noises” reduced by air-gaps and 
insulating material. 


ans- 


Rayleigh, Lord. Resonant reflection of sound from a perforated wall. Phil. Mag. 39: 225-233 

(1920). 

Reducing noise in factories. Sci. Am. 125: 96 (1921). 

Description of methods for reducing the unescapable noises of factories, mines etc. to lowest 
possible minimum. 

Rich, D. L., and Brown, C. R. Sound transmission of sawdust and concrete. Phys. Rev. 21: 

199-200 (1923). 

Investigation of concrete mixed with varying proportions of sawdust showed apparently 
greater transmission through the slabs containing more sawdust. 

Roberts, D. Insulated interior partitions. Building Age 52: 63 (1930). 

Methods of insulation of interior partitions against transmission of sound; practical meth- 
ods of placing insulation in stud partitions; single board insulation; double board insulation; 
roll insulation between staggered studs; single board insulation on one side of staggered studs; 
double board insulation on staggered studs. 

Rood, O. N. On a method of studying the reflection of sound-waves. Am. J. Sci. [3] 19: 133 

(1880). 

Rubber in sound deadening. India Rubber World 76: 60 (1928). 

Smithsonian report shows that sound travels through rubber at the rate of but 177 ft. per 

second. Other materials compared with rubber have much less resistance. 
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Sabine, P. E. The calibration of a sound chamber and sound sources and the measurement of 
12 sound transmission of simple partitions. Phys. Rev. 50: 231 (1920). 

Description of early work in Wallace Clement Sabine laboratory. 
. Architectural acoustics. Transmission of sound through doors and windows. Am. 
Arch. 118: 102-108 (1920). 
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. Transmission and absorption of sound by porous materials. Phys. Rev. 17: 378-379 
(1921). 

An investigation of hair felt. 

. Architectural acoustics. Am. Arch. 120: 215-218, 266-269 (1922). 

Transmission of sound through flexible materials. Nature and reduction of office noises. 
. Transmission of sound by standard masonry partitions. J. Ind. Eng. Chem. 15: 498- 
499 (1923); Am. Arch. and Arch. Rev. 124: 23-27 (1923). 

. The reduction of sound transmitted by plaster walls as a function of thickness. Phys. 

Rev. 21: 480-481 (1923). 

Experiments showing that logarithmic reduction was a similar function for each frequency, 
but not linear as in the case of porous felts. 

. Insulation of sound by double partitions. Armour Eng. 17: 131-133 (1926). 
Transmission and insulation of sound. Corrective acoustics. 

. Transmission and absorption of sound by wood stud partitions. Am. Arch. 130: 119- 
125 (1926). 

. Transmission of sound by masonry partitions. Phys. Rev. 27: 116 (1926). 

Experiments leading to conclusion that reduction of sound by measuring partition depends 
on the mass per unit area. 

. Transmission of sound by walls. J. Acoustical Soc. Am. 1: 181-201 (1930). 
Sato, K. Coefficients of transmission, reflection and absorption of sound. Proc. Imp. Acad. 

(Tokyo) 4: 521-524 (1928). (In English). 

Experimental method of measuring coefficients of fabric-like materials. 

Schmidt, R. E. Sound deadening in hospitals. Surgery, Gynecol., Obstet. 31: 105-110 (1920). 
Seashore, C. E. Sound-proof room for psychology tests. Studies in Psychol. 3: 132-143 (1902); 

State Univ. of Towa, Bull. (n. ser.), no. 49. 

Sharpe, H. J. Reflection of sound at a paraboloid. Proc Cambridge Phil. Soc. 15: 190-197 

(1909). 

Sherman, R. W. Sound insulation in apartments. Arch. Forum 53: 373-378 (1930). 
Sieveking, H., and Behm, A. Acoustic investigations: intensity of vibrations of a fork. Ann. 

Physik 15: 793-814 (1904). 

Investigation of the intensity of vibrations produced in a tuning fork by similar fork at va- 
rious distances and under various circumstances. Receiving fork observed microscopically or 
photographically. Diminution of intensity with distance, reflections in a closed room, passage 
of sound through solid porous bodies are considered. 

Snow, Elliott. Voice pipes. U.S. Naval Inst. Proc. 34: 817 (1909). 

A study of voice sounds carried through pipes. 

Soundproof rooms. Am. Arch. 123: 119 (1923). 

Description of rooms recently constructed in Bell Telephone Laboratories in N. Y. that are 
as thoroughly soundproof as ingenuity can make them. Design based upon principles and data 
published by W. C. Sabine. 

Soundproofing and insulating with gypsum. Building Age 49: 86-87 (1927). 
Spooner, H. J. Health problems involved in noise and fatigue. Nation’s Health 4: 91-95, 156- 

159 (1922). 

Suggestions for reducing vibrations and transmission of noise in hospitals. 

Stewart, G. W. Sound suppression. Science 57: Supp. x—xii (1923). 

Description of an acoustic wave filter for elimination of noise. 























Tests of sound-proofing qualities of metal lath partitions. Eng. Contr. 54: 525-526 (1920); 
Arch. Forum 32: 249 (1920). 
Tufts, F. L. Transmission of sound through porous materials. Am. J. Sci. 2: 357 (1901). 


Experimental work leading to the conclusion that sound is transmitted through porous 


materials in the same proportion that a current of air is. 
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. Transmission of sound through solid walls. Am. J. Sci. 13: 449-454 (1902). 
Turley, L. J. Progress in noiseless substation design. J. Elec. Ry. 63: 645-651 (1924). 
Soundproofing used only in the machine room. Station described in detail. 


Waterfall, W. An audiometric method for measuring sound insulation. J. Acoustical Soc. Am. 
1: 209-216 (1930). 

Watson, F. R. The transmission of sound through fabrics. Phys. Rev. 5: 342 (1915). 

. An investigation of the transmission, reflection and absorption of sound by different 

materials. Phys. Rev. 7: 125-132 (1916). 

. The reflection of sound. Phys. Rev. 7: 287 (1916). 

. Transmission of sound through walls. Phys. Rev. 15: 231 (1920). 

. Sound transmission of solid plaster and gypsum block partitions. J. Am. Inst. Arch. 

8: 407 (1920). 

. Sound-proofing a building. Arch. Forum 35: 178-182 (1921). 

Details of methods and constructions used in Smith concert hall, Univ. of Illinois. 
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MOVING-COIL TELEPHONE RECEIVERS 
AND MICROPHONES 


By E. C. WENTE AND A. L. THURAS 
Bell Telephone Laboratories 


Moving-coil loud speakers are now extensively used in high quality 
radio-receiving sets and in talking motion picture equipment. The chief 
advantages of the moving coil over the moving armature driving mech- 
anism are the absence of a static force, constancy of force-factor and 
electrical impedance throughout a wide frequency range, and freedom 
from non-linear distortion over a wide amplitude range. Because of 
these advantages it seems obvious that the moving coil structure can 
also be used profitably in head receivers and microphones where high 
quality is of prime importance. It has therefore been adopted in the 
instruments to be described, although some of the principles here 
formulated can conceivably be applied also to instruments with moving 
armatures. This paper is concerned primarily with the general prin- 
ciples of design. The more practical phases of the commercial design and 
construction of these instruments are discussed in a paper by W. C. 
Jones and L. W. Giles. 

The moving system of a head receiver must, in general, satisfy dis- 
tinctly different requirements from that of a microphone. In the actual 
use of the receiver a small enclosed cavity is formed between the ear 
and the diaphragm. If there is to be no distortion the pressure developed 
within this enclosure per unit of current in the receiving coil should be 
independent of frequency, constancy of impedance of the coil being as- 
sumed. The pressure depends not only upon the amplitude of vibration 
of the diaphragm, but also upon the acoustic impedance of the cavity 
formed by the ear and the receiver. This impedance is such, if the cavity 
is entirely enclosed, that at low frequencies the pressures will be very 
nearly proportional to the displacement of the diaphragm. At higher 
frequencies it is of uncertain value and varies from ear to ear, but it ap- 
pears, from unpublished data obtained by L. J. Sivian on a large 
number of ears, that constant amplitude of motion of the diaphragm per 
unit current throughout the frequency range is on the average the best 
condition to strive for in the design of a high quality receiver. We shall 
therefore assume that at any frequency the amplitude of motion of the 
diaphragm per unit current is a correct measure of the response of the 
receiver. It will be assumed also that the impedance of the cavity is 
without effect on the displacement of the diaphragm. For the receivers 
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to be considered this assumption introduces but little error, although 
the effect is not negligible in general. 

The voltage generated by a moving coil in a magnetic field is pro- 
portional to the velocity; therefore the diaphragm of a uniformly sen- 
sitive microphone with a rigidly attached coil should have, at all fre- 
quencies, the same velocity per unit of pressure in the actuating sound 
wave. Expressed in another way, if the diaphragm has a constant effec- 
tive area, the mechanical impedance (force per unit velocity) of a trans- 
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Fic. 1. Response of a simple resonant system. 


mitter diaphragm should be the same at all frequencies, whereas that of 
the receiver should be inversely proportional to the frequency. The re- 
ceiver and the microphone to be described are quite similar in design 
and construction, but their dynamical constants differ so as to approach 
these conditions of impedance. 

If a receiver or microphone is constructed with a diaphragm having a 
single degree of freedom, the operating conditions of the diaphragm can 
be represented by the circuit diagram shown in Fig. 1, where mp is the 
effective mass, so the stiffness, ro the mechanical resistance of the dia- 
phragm, and Fe’*’ the alternating force acting upon the diaphragm. 
The absolute value of the velocity of the diaphragm is given by 
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and the amplitude by v/w where A =ro/2mo, the damping constant, and 
wo =V/So/my =27X resonant frequency. The velocities and amplitudes 
for a constant force and for two different values of A, calculated from 
these expressions, are graphically represented in Fig. 1. Both the 
amplitude and velocity curves show wide variations in response with 
frequency. They indicate that for small variations in amplitude the 
resonant frequency must be near the upper limit of the frequencies to 
be transmitted and for small variations in velocity the damping con- 
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Fic. 2. Circuit diagram for receiver or transmitter. 


stant must be high. But instruments designed on this basis would be 
relatively insensitive even if such conditions could be met readily in 
their construction. 

In the design of electrical networks for the transmission of wide fre- 
quency bands the end is attained by the combination of more than one 
resonant circuit. We can advantageously resort to a similar expedient 
in a mechanical system by the use of a structure more complicated than 
one having a single degree of freedom. The diaphragm may be coupled 
to another mechanical or acoustical network of the proper type so as to 
give us the desired uniformity of response. The circuit diagram of one 
such mechanical network is shown in Fig. 2, where s; is the stiffness, m, 
the mass, and 7; the resistance of the elements of the coupled network. 
The construction of a mechanical system represented by this diagram 
is brought out in detail in the discussion of the mechanical design of the 
instruments which is to follow. The actual values of the constants are to 
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be so chosen, if possible, that the mechanical impedance, 2, of the whole 
network is constant with frequency in the case of the transmitter and 
inversely proportional to the frequency for the receiver. The absolute 
value of this impedance, z, is \/r?+«? where 


sry + 
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Fic. 3. Theoretical response curves of moving coil receiver. 
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THE ELECTRODYNAMIC RECEIVER 


If the mechanical system of the receiver can be represented by the 
circuit diagram shown in Fig. 2, then, as the amplitude per unit force 
is a measure of the receiver response, we may calculate the product of 
frequency and impedance and so get a response-frequency character- 
istic for any specified set of values of the constants. Such characteristics 
are graphically shown in Fig. 3 for several sets of values. Curves of 
identical character but of different level would, of course, be obtained 
if the magnitude of each of the corresponding impedance elements were 
changed in the same proportion. It is seen from these curves that, 
theoretically at least, it is possible to obtain a uniform response over a 
wide frequency range. Curve c, for example, shows a variation of less 
than 1.5 db for frequencies up to 10,000 c.p.s. As might be expected, 
the wider the frequency range of uniform response the lower the 
sensitivity. In fact, it can be shown from equations (1) that, if the 
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scale of frequencies is changed by a factor, k, the relative values of the 
ordinates will be unchanged provided 7; and ro are multipled by , 
and s; and so, by k*®, but that the amplitude per unit of force at cor- 
responding points on the curve will be changed by a factor equal to 
1/k*. A receiver transmitting up to 10,000 c.p.s. will thus be 12 db less 
efficient than one transmitting equally well up to only 5000 c.p.s., the 
same mass and size of diaphragm being assumed. 


Construction of the Receiver 

The general construction of a receiver embodying the above principles 
is shown in Fig. 4. The central portion of the diaphragm is drawn into 
the form of a spherical dome to increase its rigidity. The receiving coii 
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Fic. 4. Moving coil head receiver. 


is of the self-supporting ribbon type, the construction of which has been 
described previously.! It is rigidly attached to the base of the domed 
portion of the diaphragm. The radial magnetic field is derived from a 
permanent magnet. The mass of the diaphragm plus that of the coil cor- 
responds to mo in Fig. 2, the stiffness of the diaphragm to so and the 
mechanical resistance to 7. 

A small volume of air is completely enclosed between the diaphragm 
and pole-pieces save for a narrow slit at 0. The acoustic resistance’ of a 
slit of this character is equal to 12u//d*w and the reactance, 7 6plw/5wd, 
where uy is the viscosity of air, / the radial length, d the width, w the 
annular length of the slit and p the density of air. If the air in the 
chamber were incompressible a mechanical resistance and reactance 
would be imposed on the diaphragm by virtue of the air flow through 
the slit, their respective values would be equal to the acoustic resistance 


1 Bell System Technical Journal, Vol. VII, p. 144, 1928. 
? Lamb “Hydrodynamics ” 4th ed. p. 577. 
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and the acoustic reactance of the slit multiplied by the square of the 
effective area of the diaphragm. These quantities are represented by 7; 
and j mw in Fig. 2. If the slit, 0, were closed, the stiffness imposed by the 
air chamber on the diaphragm would be equal to yA710°/V, where A is 
the effective area of the diaphragm, V the volume of air in the en- 
closure and y the ratio of specific heats of air. This is the stiffness re- 
presented by s; in Fig. 2. 

In adjusting the width of the slit to the desired value its resistance 
was measured experimentally. For this purpose a steady stream of air 
at low velocity was passed in series through the slit and a capillary 
tube. The pressure drop through the tube and that through the resist- 
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Acoustic resistance of cappillary tube 
Acoustic resistance of the annular slot 
Rz = Ri X P2/Pi 
P,; = Pressure difference at ends of capillary tube 
P, = Pressure difference on the two sides of the annular resistance slot 


R; = 
R, = 


Fic. 5. Method used to measure acoustic resistance. 


ance was then measured with a manometer. The ratio of these values is 
under this condition equal to the ratio of the resistance of the tube to 
that of the slit. The resistance of the tube had previously been deter- 
mined as a function of the pressure difference between its two ends when 
air was passed through it at a known steady rate. The apparatus is 
diagrammatically shown in Fig. 5. 

The response-frequency characteristic of the receiver was determined 
experimentally. For these measurements it was placed over a calibrated 
condenser transmitter so as to form a 15 c.c. enclosure between the re- 
ceiver and the transmitter diaphragms. This space was filled with hy- 
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drogen to avoid acoustic resonance at the higher frequencies. While cur- 
rent from a vacuum tube oscillator was passed through the receiver coil, 
the voltage generated by the transmitter as well as the receiver current 
were measured. From these values, the calibration curve of the trans- 
mitter, and the volume of the enclosure, the amplitude of the receiver 
diaphragm per unit current is readily determined. Values so obtained 
expressed in db are plotted in Fig. 6. In the same figure are given values 
of the response as determined by computation of the mechanical im- 
pedance from the constants of the receiver. The ordinates were so ad- 
justed arbitrarily as to bring the computed and observed values into 
coincidence at the lower frequencies. There is a general agreement be- 
tween the computed and observed curves, yet the variations are larger 
than can be accounted for on the basis of experimental errors. It is 
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Fic. 6. Response of moving coil receiver. 


probable that the quantities used in the calculations are not strictly con- 
stant up to the higher frequencies, where the diameter of the diaphragm 
becomes comparable with the wave length of sound. However, except 
for a depression in the neighborhood of 4000 c.p.s., the measured is 
better than the computed characteristic. 

A receiver of this general character was supplied for the Master 
Reference Systems for Telephone Transmission in Europe and in 
America where it has been in service since 1928. 


THE Movinc Cort, MICROPHONE 


It has been pointed out that in an electrodynamic microphone of 
high quality the diaphragm with a rigidly attached coil should have the 
same velocity per unit of force throughout the frequency range. If the 
dynamical system of the microphone is represented by the mechanical 
circuit of Fig. 2, this condition requires that the constants of the various 
elements of this circuit be so chosen that the magnitude of the imped- 
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ance, 2, is the same at all frequencies. It is evident that these values 
will differ materially from those of the high quality receiver. 

In Fig. 7 the impedance expressed in db as determined by equations 
(1) is shown as a function of frequency for several sets of values of the 
constants of the impedance elements. They show how, by the proper 
choice of these values, a uniform response may be obtained over a wide 
frequency range. Curve C, for instance, shows a variation of less than 
1.5 db from 200 to 10,000 c.p.s. It may be shown from equations (1) that 
if the scale of frequencies is changed by a factor k the form of the re- 
sponse curve will remain unchanged, provided 7; and ro are multiplied 
by &, and s; and so, by k?; but the absolute value of the velocity per unit 
force will be changed by the factor 1/ at all points on the curve. Thus, 
under these conditions, if the last value of the abscissae in Fig. 7 is 


VELOCITY PER 
UNIT FORCE (0B) 





FREQUENCY (C.P.S.) 


Fic. 7. 


designated as 5000 instead of 10,000 c.p.s., & =0.5, the curves will re- 
main unchanged in form but the ordinates will be raised 6 db. The 
form of any of the curves of Fig. 7 will, of course, not be changed if all 
the corresponding constants are changed proportionally, although the 
absolute value of the velocity per unit of force will vary inversely with 
the magnitude of these constants. 

At zero frequency the velocity of the diaphragm per unit of force is 
necessarily zero. In passing to the lower frequencies a point is therefore 
finally reached where the response decreases appreciably. This point 
depends primarily upon the stiffness, so, of the diaphragm. A method 
for overcoming this loss in sensitivity at low frequencies will be dis- 
cussed later. 


Construction of the Microphone 


A transmitter was constructed very similar in design to that of the re- 
ceiver just described, but with the cap omitted in order to expose the 
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diaphragm to the action of sound waves. The dimensions of the various 
elements were changed so that the impedance of the diaphragm with its 
associated network should have a substantially constant value through- 
out a wide frequency range. The response as computed is shown in Fig. 8. 

The microphone was calibrated experimentally by comparison with a 
calibrated condenser transmitter. For this comparison each transmitter 
was mounted with its face outward in an opening in the end wall of a 
cylindrical drum 30 cm. in diameter and 7 cm. deep. The two openings 
were spaced 180° with respect to the axis of the drum and on radii of 
7.5 cm. Cracks between the transmitters and the wall were carefully 
sealed. The wall thus formed a baffle of the same general character for 
each transmitter. The drum was mounted on a shaft passing through its 
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axis, about which it was rotated at a speed of 100 r.p.m. Slip rings were 
provided for making electrical connections to the microphones. The 
drum was placed in a sound field set up by a moving coil loud speaker 
supplied with current from a vacuum tube oscillator. The voltage 
generated by each transmitter was then measured with an amplifier and 
thermo-galvanometer. With this arrangement each transmitter passed 
through practically the same sound field. By virtue of the symmetrical 
character of the drum its rotation has very little influence on any stand- 
ing wave patterns in the room. A check on the reliability of the measure- 
ments was the fact that, if the position of the loud speaker was changed, 
very little difference was observed in the ratio of the voltages generated 
even at the higher frequencies. Likewise no change was observed when 
the electrodynamic microphone was moved a small distance axially in its 
mounting. The condenser transmitter used in these tests had been cali- 
brated by means of a thermophone, but a correction was made for the 
resonance due to the cavity over the face of the diaphragm, which is not 
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measured in the thermophone calibration. The response of the trans- 
mitter as determined in this way is shown by the curve A in Fig. 8. 

The disagreement between the observed and computed values at the 
higher frequencies is believed to be due to resonance oscillations within 
the air-chamber beneath the diaphragm. In order to reduce the mag- 
nitude of these oscillations the chambér was connected through a nar- 
row slit rs; (Fig. 9) to a small cavity formed within the central pole- 
piece. With this change in construction, the transmitter was again cal- 
ibrated. The results obtained in this case are given in curve B of Fig. 8. 

It is seen that the response of the transmitter is quite uniform over a 
wide frequency range, but that it decreases at the lower frequencies. 
This decrease can be avoided by a reduction in the stiffness, so, but this 
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Fic. 9. Moving coil transmitter. 


expedient has the practical disadvantage that it makes the transmitter 
more delicate and increases its susceptibility to mechanical vibrations. 
The response at these frequencies can be increased more profitably by a 
simple modification which increases the force on the diaphragm under 
the action of sound waves. If the air-space enclosed by the magnet on 
the rear of the diaphragm is connected with the outside air through a 
tube, then, under the action of sound, a pressure will be developed 
within this space through the tube, differing in magnitude and phase 
from that of the sound outside. This pressure acts on the rear of the 
diaphragm. Under certain circumstances the total force on the dia- 
phragm will be increased by virtue of this pressure. 

The transmitter shown in Fig. 9 is provided with a tube for per- 
forming this function. The acoustic impedance of a tube may be cal- 
culated from the formula® 


*T. B. Crandall “Theory of Vibrating Systems and Sound” p. 237. 
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in which k =\/ju/pw, 1 is the length and r the radius of the tube, u the 
viscosity and p the density of air. At low frequencies, s may be repre- 
sented by a resistance in series with a mass reactance, and the whole 
dynamical system of the transmitter by the circuit diagram of Fig. 10, 
in which Fej*‘ is the pressure in the sound wave multiplied by the area 
of the diaphragm; s’, the stiffness imposed upon the diaphragm by the 
air enclosed within the magnet, if the tube were closed; 7’ and m’ are the 
acoustic resistance and mass respectively of the tube multiplied by the 
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square of the area of the diaphragm. The other symbols of Fig. 10 have 
the same significations as before. 

Substituting numerical values for the various impedances of the cir- 
cuit shown in Fig. 9, and solving this circuit for the velocity of the 
diaphragm per unit for force, we obtained the values given by the curve 
B’ of Fig. 8. The circles give the corresponding values obtained experi- 
mentally. The agreement between these values and those computed is 
within the experimental errors with which the constant of the trans- 
mitter were determined. The addition of this acoustic network has in- 
creased the response at the low frequencies so that there is no loss in 
sensitivity down to a frequency of 45 c.p.s., even with a diaphragm 
of comparatively high stiffness. 

The absolute sensitivity of this transmitter is approximately 9.5 
10-5 volts per bar. However, in practical operation a transformer is 
used between the transmitter and the vacuum tube of the initial stage 
of the amplifier. The transformer that has been used for this purpose 
has a voltage ratio of 100 with a variation of less than 2 db between 45 
and 10,000 c.p.s. Under this condition the voltage delivered to the vac- 
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uum tube is 9.5 millivolts per bar. This value compares with approxi- 
imately 3 millivolts per bar for the W. E. Co. 394 Condenser Trans- 
mitter, which was designed for maximum efficiency for frequencies up 
to 7,000 c.p.s. The electro-dynamic transmitter thus has a sensitivity 
about 10 db higher, and covers a wider frequency range. 

The condenser transmitter commonly used has a cavity in front of the 
diaphragm. Acoustical resonance in this cavity increases the pressure 
on the diaphragm, which in the case of the W. E. Co. 394 Transmitter 
may, under certain circumstances, amount to 5 db at a frequency of 
3,500 c.p.s. The transmitter here described is believed to be relatively 
free from this effect, as the cavity in front of the transmitter is conical 
and quite shallow. The diaphragm is also smaller, so that the response is 
uniform over a wider angle of sound incidence. 

This microphone has important practical advantages over the con- 
denser transmitter in that the amplifier may be at some distance from 
the transmitter without loss in efficiency and in that no polarizing volt- 
age is required. The sensitivity of this transmitter is about 10 db higher. 
It is therefore better adapted for use in cases where the source of sound 
is at some distance from the transmitter, since with the smaller amplifi- 
ication required, mechanical and electrical disturbances, and amplifier 
noises in general, may be kept at a relatively lower level. 

We are greatly indebted to Mr. T. F. Osmer, both for suggestions and 
for skilfully carrying out a large part of the experimental work in the 
development of these instruments. 








MASS CONTROLLED ELECTRODYNAMIC MICRO- 
PHONES: THE RIBBON MICROPHONE 


By Harry F. OLson 
RCA Photophone, Inc. 


An electrodynamic microphone is a composite electric-mechanic- 
acoustic system. The electrical system in general consists of a conductor 
suspended in a magnetic field. The mechanical system of the microphone 
consists of a conductor and a suitable coupling mechanism between the 
acoustical system and the conductor. In general the acoustical system 
is the atmosphere. The vibration of the mechanical system due to an 
incident sound wave leads to the induction of an e.m.f. in the conductor 
corresponding to the undulations in the incident sound wave. 
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One requirement of a high quality microphone is uniform sensitivity 
over a wide frequency range. This means that the ratio of the power out- 
put to the intensity in the sound field is independent of the frequency. 
In the cage of an electrodynamic microphonethis may be accomplished 
by several methods depending upon the type of mechanical system em- 
ployed. It is the purpose of the following paper to discuss an electro- 
dynamic microphone in which the vibrating system is essentially mass 
controlled. 

The requirement of uniform sensitivity over a wide frequency range 
in the case of the electrodynamic microphone is equivalent to specifying 
that the ratio of the generated e.m.f. to the pressure or velocity in the 
sound wave shall be independent of the frequency. Consider a system, 
Fig. 1, consisting of a conductor of length / situated in a uniform field 
of strength H moving with avelocityx. The generated voltage is given by 


E = Blix. (1) 


In an electrodynamic microphone the generated voltage is determined 
by the velocity of the mechanical system. We can draw the following 
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conclusions: In the case of an electrodynamic microphone the ratio of 
the velocity of the mechanical system to the pressuse-er velocity in the 
incident sound wave shall be independent of the frequency. 

We will next consider the motion of a mechanical system under the 
influence of a periodic driving force. In the case of a microphone the 
periodic force is obtained from the acoustic system and transferred to 
the mechanical system. In general any mechanical system will contain 
mass, resistance and stiffness. However, it is possible to design a me- 
chanical system so that any one of these factors will predominate in 
controlling the motion within a certain frequency range. The choice of 
the controlling factor will depend upon the nature of the force available 
for driving the mechanical system. For example, assume that the me- 
chanical system is mass controlled the expression for the velocity will be 

F 
t= - (2) 
imw 





where F =periodic force, 

m =mass of the mechanical system, 

w =2nf, f =the frequency. 
To maintain constant velocity in this system the force F must be pro- 
portional to frequency. One way in which this may be accomplished will 
be illustrated. 

The excess pressure and particle velocity are derived from the velo- 

city potential ¢ as follows: 


0d . 
= — ‘ 3 
p o 8 (3) 


v = Grad ¢ = V9. (4) 
The gradient of p is given by 
dg 
Vp = — pV—: 5 
p wa (5) 


The velocity potential in a sound wave may be expressed by 


@ = AF(x, y, 2) cos ki ct + f(x, 9, 2) | (6) 
Then 
dp 
ap 7 Abel (x 94 2) sin k[ct + f(x, y, 2)]. (7) 


By comparing 5 and 7 we see that the magnitude of Vp is proportional 
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to the frequency. Therefore if the pressure gradient is employed for 
actuating the mechanical system of a microphone the resultant force is 
proportional to the frequency. A specific example will illustrate the 
method. ; , 

Assume that the cylinder of mass m, Fig. 1, is the only portion of 
the mechanical system which will be influenced by sound waves. For 
sound of wavelength large in comparison to the dimensions of the cy- 
linder the average intensity is the same for all points upon the surface. 
Assume a plane sound wave with direction of propagation along the x 
axis. Let the pressure at the point x, =Ax/2 be 


‘ Ax 
Pp = — pd = kcpA sin ic _ =) (8) 
where k =27/d 
\ =wavelength 
c =velocity of propagation 


A =amplitude of ¢. 
The pressure at the point x, = —Ax/2 is 


Ax 
pb = kcpA sin Kt + =). (9) 


The resultant force on the cylinder will be the difference between the 
forces on the ends 1 and 2 and is given by the expression 


) (10) 
2 


where 5S is the area of the end 1 or 2. If Ax is small then 





AF = 2SkcpA cos (ket) sin ( 


2r 
AF=S = kcpA cos (ket)Ax. (11) 
C 


This equation shows that the force available for driving the mechanical 
system is proportional to the frequency of the incident sound. 
The velocity of the mechanical system is given by 


; S kcepA 
t= — 





B 
— cos (kct)Ax = — cos (kct)Ax. (12) 
c im im 


This quantity is independent! of the frequency and as a consequence 


1 As is well known for a plane sound wave in which the intensity is the same for all frequen- 
cies the quantity kcpA is a constant. 
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the ratio of the generated e.m.f. to the pressure in the sound wave will 
be independent of the frequency. 

The above discussion has been concerned with a general description 
of the action of a pressure gradient mass controlled microphone. One 
example of this type of instrument is the ribbon microphone. 


THE RIBBON MICROPHONE 


The ribbon microphone consists of a light corrugated metallic ribbon 
suspended in a magnetic field and freely accessible to air vibrations 





Fic. 2. 


from both sides. The vibration of the ribbon due to an impressed sound 
wave leads to the induction of an e.m.f. corresponding to the undula- 
tions of the incident sound wave. The ribbon is driven from its equili- 
brium position by the difference in pressure existing between the two 
sides. One of the important advantages of this type of microphone as 
compared with a pressure operated microphone (such as those in current 
use of the condenser and carbon type) is that it possesses marked 
directional characteristics whereas a pressure operated microphone 
possesses non-directional response. The use of a light corrugated ribbon 
in acoustic devices was proposed some years ago by Dr. E. Gerlach 
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(U.S. Patent 1557356). However, there apparently has not been any 
complete investigation of the factors which enter into the best utiliza- 
tion of this type of element and hence the author undertook the analy- 
sis which follows. This investigation has resulted in a design which has 
good frequency characteristics and whose directional characteristics are 
also independent of frequency. 

Various types of ribbon microphones have been investigated. One of 
the important details of construction concerns the size of the baffle sur- 
rounding the ribbon. Baffle is used here to designate a structure that 
determines the air path between the two sides of the ribbon. Two types 
of baffle are indicated in Fig. 2; A shows a microphone in which the 
structure surrounding the ribbon is small, B shows a microphone in 
which a baffle of moderate dimensions surrounds the ribbon. 

As will be seen from Fig. 2 the configuration of the baffle surround- 
ing the ribbon is of rectangular shape. For this reason any rigorous 
mathematical consideration of the difference in pressure between the 
two sides of this baffle will be extremely complex. We will assume that 
the important parameter that designates the differential pressure be- 
tween the two sides of the ribbon is the shortest air distance between the 
front and back of this portion of the ribbon. We will further assume 
that the difference in pressure between the two sides of the ribbon is 
the same as that in a sound field between two points in space separated 
by this distance.’ It is this difference in pressure due to the difference in 


/ phase between the front and back that actuates the ribbon in the ribbon 


microphone. 

We will now examine the difference in pressure between two points in 
space separated by a distance 2d for a plane and spherical sound field. 
Assume two points in space A and B separated by a distance 2d in line 
with the direction of propagation. The difference in pressure between 
these two points for a plane sound wave (equation 8) is 


Ap = 2kcpA cos (ket) sin (kd). (13) 
In a spherical wave the pressure component is given by 


Z 


wp : 
p= sin k(ct — r) (14) 
4rr 





2 To state exactly the acoustic path between the front and back is beyond the scope of this 
analysis. In the case of a circular baffle and a plane sound wave the phase difference for normal 
incidence corresponds to one-half the air distance between the opposite centers. However, the 
following analysis and conclusions will not be materially altered by a change in this distance. 
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where 
w= ke. 


Let the distance between the source and the point A be r—d and the 
point B be r+d, the source, A and B being in the same line, the differ- 
ence in pressure is given by the expression 








Sir cos k(ct — r) sin (kd) + 82d sin k(ct — r) cos aad (15) 


Ap = - Aur ake 
(4ar)? — (4rd)? 


If d is small compared to r and kd is small compared to unity the above 
equation becomes approximately 





a see cos k(ct — r) + 2sin k(ct — "|. 16) 


4dr r 

In the above expressions, for wavelengths large in comparison to d, 
the magnitude of A? is proportional to the frequency. If this force Ap 
acts upon an element which is “mass controlled” the velocity of this 
element for a plane sound wave of constant intensity will be indepen- 
dent of frequency. In the case of spherical waves the velocity of this 
element will be a function of 1/r and 1/r? as well as the frequency. There- 
fore, with a structure as indicated and a vibrating element in a magnetic 
field the voltage output of this microphone corresponds to the velocity 
component of the sound wave. Considerations of the response of this 
microphone in standing wave systems as indicated in the following 
paragraph substantiate the above conclusions. 

Consider two plane waves of equal amplitude traveling in opposite 
directions along the x axis. The pressure is given by 


p = kepoA [sin k(ct — x) + sin R(ct + x)] 


p = 2kcpA [sin (ket) cos (kx) ]. (17) 


The difference in pressure between two points located at x—d and «+d 
is given by the expression 


Ap = kcpA {sin (ket) [cos k(x — d) — cos k(x + d)]} 


(18) 
Ap = 4kcpoA sin (ket) sin (kx) sin (kd). 


The particle velocity in this system is given by 


v = — 2kA cos (ket) sin kx. 
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The maxima of Ap and the particle velocity along the x axis coincide. 
Therefore, the maximum response of the ribbon microphone will occur 
at a velocity loop. The above consideration applies to reflection of a 
plane wave by a wall. Assume normal incidence of a plane wave upon a 
perfectly reflecting wall. The coordinate of the wall is x =0. Therefore, 
the response of the ribbon microphone will be zero for points near the 
wall. The maximum response will occur at intervals of (2n—1)\/4 from 
the wall (where 7 is an integer and \ the wavelength). The maximum 
response of a pressure measuring device will occur at the surface of the 
wall and at intervals of 2/4 from the wall. 

The instantaneous pressure available for driving the acoustic and me- 
chanical systems of the microphone for two types of acoustic waves has 
been derived above. This difference in pressure for a plane wave, for 
microphone A, Fig. 2, is shown in Fig. 4. Expressions will now be de- 
rived for the impedance of the acoustic and mechanical systems. 

The mechanical reactance due to the mass of the ribbon is given by 


Zr => Xr = 2rfmr (20) 


where f =frequency, 
and mr =mass of the ribbon. 

The reaction of the air upon the motion of the ribbon will now be 
considered. 

The pressure’ at a distance r from an elementary source is 


i ait 
p = — ipwike *e**’. (21) 
Tr 


The pressure at any point on the ribbon is 


‘ ipw . ds 
Ps ~— so f 2 cia (22) 
4a ry 

where s is the radius vector having the shortest air distance from point 1 
to the surface element ds. The integration extends over both sides of the 
ribbon. To compute the force on the ribbon we must perform the above 
integration and then integrate the resulting pressure over the surface of 
the ribbon. Cognizance must be taken of the 180° difference in phase 
between front and back when integrating between these two surfaces. 
The total force is 


3 Rayleigh Theory of Sound, Vol. IT, p. 105. 
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iwpée**! dS 
pen f f ds! J — itr (23) 
dr ry 
The impedance is 


Enetot 





The integral was evaluated for the particular ribbon by an approxi- 
mation. The resistive and reactive components of the impedance pre- 
sented to the ribbon by the air are given by the graphs in Fig. 4. 
For the size of ribbon and baffle employed it will be seen that both the 
reactive and resistive components of the system increase with frequency 
within the range indicated. 


eS Ea is 
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The ribbon is spaced by a few mils from the pole pieces of the mag- 
netic structure. This aperture gives rise to a mechanical impedance 
which is given by the expression 

A? 

Z, = pw C (25) 

where A =area of ribbon and aperture, 
Co =conductivity of the aperture. 

This impedance is shunted by the mass reactance of the ribbon. In 
general the impedance due to the spacing is large compared with the 
mass reactance of the ribbon and may be neglected. It is important to 
note that in case this impedance is comparable to the mass reactance 
of the ribbon the net effect is a reduction in sensitivity of the micro- 
phone without discrimination against any frequency band. 

The output of the ribbon is coupled to the grid of a vacuum tube by 
means of a step-up transformer as shown in 3A. In some cases where it is 
desirable to segregate the microphone and amplifier, two transformers 
are employed, the first raising the impedance of the ribbon to that 
suitable for transmission over a line, the second raising this impedance 
to the input of a vacuum tube as shown in 3B. The equivalent circuit of 
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these systems is shown in 3C. We will now compute the effect of the 
electrical circuit upon the mechanical system. The electromotive force 
developed by the ribbon is 

e= Blix . (26) 


where B =the flux density, 
1 =the length of the ribbon, 
and « =velocity of the ribbon. 


Xe MECHANICAL PREACTANCE OF THE RIBBON 
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4 a4 RATIO OF DIFFERENCE /N PRESSURE BETWEEN THE 7Wo 
SIDES OF THE RIBBON 70 FREE SPACE PRESSURE 
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The force required to generate a current 7 in the equivalent circuit 
Fig. 3C is 


F = Bli. (27) 
The mechanical] impedance due to the electrical circuit is 
F Bl)? 
Z=—= wnt (28) 
x Z: 


where Zr =total electrical impedance at the point e. The mechanical 
impedance due to the electrical circuit is in general negligible compared 
to the mechanical impedances considered above. 
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Expressions for the important mechanical impedances of the system 
have been derived and we are prepared to compute the motion of the 
ribbon. As was pointed out in the above derivation the impedances due 
to electrical circuits and the aperture between the ribbon and the pole 
pieces may be neglected. The velocity of the ribbon is given by 


Ap 
Zre+Za 


It has been shown that the magnitude of Zr and Z, are practically pro- 
portional to the frequency. It has also been shown that Ap is propor- 


¢ = 





(29) 
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tional to the frequency. For this reason « remains practically constant 
throughout the frequency range. The generated voltage e is given by 


Ap 
Bl. (30) 
Zre+Za 
This indicates that the generated voltage will be independent of frequency. 
The voltage presented to the grid of the vacuum tube may be com- 
puted from the electrical circuit shown in Fig. 3B. 

A microphone of the type shown in Fig. 2A, was calibrated by 
means by a Rayleigh disc. The millivolts per bar at the grid of a vacuum 
tube as a function of the frequency is shown in Fig. 5. It will be seen 
that the voltage output is practically independent of the frequency. It 


e= Big = 
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will be seen also that the theoretically predicted curve agrees with the 
experimental results and confirms the theory outlined above. 

The uniform output over a wide frequency range indicates that this 
microphone is free from resonance systems. The natural period of the 
ribbon is located below the audible frequency range. In a condenser 
microphone‘ at least two resonances occur within the audible range 
that influence the output, namely, the cavity resonance and the dia- 
phragm resonance. 

To test the effect of the air distance between the front and back of the 
ribbon this microphone was equipped with various sizes of baffle. The 
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results are shown in Fig. 6. As predicted by the theory outlined above 
the output increases with increase of the size of the baffle. When the 
distance between front and back is approximately a half wavelength, 
complete reflection occurs at the face of the baffle and the pressure is 
twice that in free space. Above this frequency the pressure remains twice 
that in free space and the output of the microphone decreases. 

The above considerations have been concerned with the face of the 
baffle normal to the line of propagation of the sound. When the normal 
to the face of the microphone is inclined by the angle @ to the line of 
propagation the air distance from front to back is multiplied by the 
factor cos 6. When @ is 90° the pressure difference between front and 
back is zero for all frequencies and the ribbon remains stationary. This 
holds true provided the ribbon microphone has as small a baffle as possi- 


4 Ballantine, Proc. I.R.E., July, 1930. 
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ble (that is, its construction is similar to Fig. 1A). However, where the 
baffle is of appreciable dimensions peculiar distortions of the directional 
characteristics occur, particularly at the higher frequencies where the 
dimensions of the baffle become comparable to the wavelengths of the 
sound. Hence in order to obtain true “cosine” directional characteristics 
the construction which we have adopted has as short an air path as pos- 
sible between front and back of the ribbon while still retaining a good 
magnetic structure. 

The observed directional characteristics of this microphone are shown 
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in Fig. 7. It will be seen that the experimental results are in close 
agreement with the predicted performance. These results indicate that 
the directional characteristics of this microphone are practically in- 
dependent of the frequency. For this reason this microphone does not 
produce frequency distortion due to its directional characteristics. 

The frequency and directional characteristics exhibited by this type 
of microphone indicate a large field of usefulness in sound reproduction 
and measurement. The directional characteristics’ of sound pickup 
apparatus determines the ratio of the direct sound from the source to 
sound originating in random directions. This ratio increases as the solid 
angle over which sound is received without attenuation decreases. When 
used in rooms or studios the directional characteristics determine the 


5 H. F. Olson, Soc. of Motion Picture Engineers, June 1931. A more detailed account of the 
application of the ribbon microphone will be found in this article. 
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ratio of direct sound to sound originating in random directions. The net 
result of a directional sound pickup system is a reduction in reverbera- 
tion. It has been found that the directional characteristics of the ribbon 
microphone contributes in marked degree in overcoming the detrimental 
effects of reverberation. The uniform directional characteristics of this 
microphone reduces reverberation without frequency discrimination. 
Undesired sounds can be eliminated by orienting the microphone so 
that the undesired source of sound lies in the plane of zero response. 

It was shown above that the response of this microphone is a measure 
of the velocity component of a sound wave. An instrumental method 
for measuring the velocity component in a sound wave is an extremely 
useful tool in certain acoustic measurements. 

In conclusion the author wishes to express his appreciation to Mr. J. 
Weinberger under whose direction this work was done, to Mr. B. 
Kreuzer who was associated with the author during part of this investi- 
gation, and to Dr. I. Wolff for valuable discussions. 


ELL i CT OO, 


SS 





ure 
10d 
ely 


sti- 





SOME PHYSICAL FACTORS AFFECTING THE ILLU- 
SION IN SOUND MOTION PICTURES 


By Josep P. MAXFIELD 
Electrical Research Products Inc. 


The advent of sound pictures brought the physicist and engineer face 
to face with problems which lie in the field of art as well as in the field 
of material things. A study of the physical factors which underlie art 
would probably be lengthy although it is conceivable that with sufficient 
knowledge of these physical factors it might be possible artificially to 
develop high-grade artistic sound pictures. It was felt, however, that 
more useful information of immediate applicability could be obtained 
by attempting to control, under the conditions of photography and 
recording, those factors which determine an observer’s interpertation 
of what he sees and hears when observing a real event. The artist and 
director must be relied upon for the art in the production and the en- 
gineer or physicist is required to record and reproduce the scene in such 
a manner that the illusion in reproduction transmits to the audience the 
artistry produced by the actor. 

This paper therefore describes the results of an empirical study of 
methods of controlling some of the factors available to the engineer in 
sound recording and photography in such a manner that a pleasing 
illusion of reality is created in the theater. 

When an event or act is observed by a person, it is viewed through two 
lenses, that is, the eyes, and is heard with two sound pickup devices, 
that is, the ears. These two sets of devices bear a fixed spatial relation- 
hip to one another. With his two eyes the observer is able to appreciate - 
distance, i.e., depth, and also perspective. Similarly, with his two ears 
he is able to appreciate direction to some extent and also depth. If, how- 
ever, an observer were limited to one eye and one ear only, the situation 
would be changed. There is lost to the observer with one eye all of the 
binocular ability to appreciate depth, and there remains to him only 
perspective and such effects as “atmosphere” by which he may interpret 
distance. By “atmosphere” is meant the change in lights and shades 
which is a function of distance. In a similar manner the observer limited 
to one ear only, loses practically all sense of direction and appears there- 
by to lose the ability to concentrate his attention on a sound from a 
given direction to the partial exclusion of sounds coming from other di- 
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rections. The single-eared observer, however, does not lose the ability 
to appreciate depth or distance, particularly indoors.! 

In the projection of a sound picture there is one picture and one sound 
track only, and the reproduction of scehe and sound by this means is 
therefore similar in some respects to the observer with one eye and one 
ear. The cameramen have fortunately succeeded in creating a certain 
amount of illusion of depth by the proper choice of the focal lengths of 
the lenses used, i.e., by controlling perspective and by methods of illumi- 
nation which contribute to artificial “atmosphere.” 

As previously indicated, a normal person has the ability to con- 
sciously pay attention to sounds coming from a given direction to the 
partial exclusion of sound coming from other directions. With the loss 
of the sense of direction which accompanies monaural hearing or record- 
ing, this conscious discrimination becomes considerably impaired if not 
impossible, and the perception of reverberation or of incidental noises 
occurring in the scene is effectively enhanced to such an extent that these 
sounds unduly intrude themselves on the hearer’s notice. It has been 
found by experiment that if the amount of reverberation is properly 
controlled, these effects disappear both as regards hearing excessive re- 
verberation and also as regards the undue accentuation of the incidental 
noises. Experiment has shown that a set having three hard walls and a 
floor and erected in open outdoors or in a large, highly damped sound 
stage has sufficiently little reverberation to avoid the undue accentua- 
tion. 

The method by which an observer appreciates distance or depth with 
monaural recording may be complex but one of the factors most im- 
portant for the production of the depth illusion is the intensity ratio of 
the sound reaching the pickup or ear directly, to the average reflected 
sound.” It is seen, therefore, that of the factors associated with normal 
seeing and hearing there are available for use in sound pictures (1) the 
partial creation of the illusion of depth by the use of the correct visual 
perspective (obtained by the proper choice of the focal length of the lens 
used), and by artificial methods of illumination, (2) creation of a sense 
of acoustic perspective by control of the ratio of direct to reflected 
sound. There is a third factor, not yet mentioned, which appears to be 


1A more complete discussion of the qualitative factors involved are given in a paper 
“Acoustic Control of Recording for Talking Motion Pictures ” Maxfield, J. P., Journal S.M.P. 
E., January, 1930. 

2 Maxfield and Harrison “High Quality Recording and Reproducing of Music and Speech ” 
Bell System Tech. Jour., July, 1926. 
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purely psychological. It has been found to be almost invariably true 
that where the proper illusion of depth has been created in both the pic- 
ture and the sound, the voice appears to follow the image not only for- 
ward and backward in the scene but also across the scene. This psycho- 
logical effect is so marked that an explanation based on purely physical 
effects was sought. However, experiment has shown that the effect is 
mainly if not wholly an illusion. 

There is one other interesting result of obtaining the proper illusion, 
namely, an apparent increase in the intelligibility of the sound track. 
Numerous cases have come to the author’s personal notice where the 
long shot sound track was believed by the majority of listeners to give 
better intelligibility than a close-up track taken at the same time. This 
effect was noticed only when both the long shot and the close-up sound 
tracks were played with the long shot picture. Since the long shot sound 
track has a much higher ratio of intensity of reflected sound to direct 
sound, its actual intelligibility is lower than that of the close-up track.* 

By the proper use of these three effects it is possible to fulfill one of 
the most important requirements of the illusion of reality, namely that 
the sound shall appear to come from the visible source on the screen. 

Since both the picture and the sound can be made to have apparent 
depth or perspective it is necessary that the distance which the image 
appears to move, must correspond with the distance which the sound 
appears to move. The amount which the image appears to move forward 
or backward depends on the perspective, that is, on the focal length of 
the lens used in taking the picture, while the distance which the sound 
appears to move depends upon the change in the ratio of the direct 
sound from source to pickup as compared with the intensity of the aver- 
age reflected sound. In general, the more reverberation or the further 
from the source the microphone is placed, the greater is the apparent 
distance of the voice from the foreground. 

This leads, naturally, to a consideration of the quantitative means 
for coordinating the visual and acoustic perspective. Since a person’s 
sense of sound perception has become coordinated with his visual sense 
in the process of observing, it would be expected that under conditions 
of real indoor scenes, as for instance in a room, there would be a 
focal length of camera lens which would make the perspective of the 
picture and the sound the same if the microphone were placed at the 

3 J. C. Steinberg “Effects of Distortion Upon the Recognition of Speech Sound ” Jour. 


of Acous. Soc. of America, October, 1929. V. O. Knudsen “The Hearing of Speech in Audi- 
toriums.” Ibid. 
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camera. In so far as the nature of the average reflected sound in a set 
imitates the conditions of the real room, the same type of relationship 
would be expected. Any difference in quantitative magnitude of the re- 
flected sound in the room and in the picture set simulating the room, 
causes a difference in the magnitude only of the focal length of lens 
which must be placed at the microphone to obtain correct correlation. 
Experience has indicated that for sets consisting of three hard walls and 
a floor, where the depth of the set is at least equal to its width, the type 
of relationship just mentioned holds within the limits of one’s ability to 
judge acoustic perspective under the quality conditions realized at the 
present time in good recording and reproducing. ° 

Since the apparent acoustic distance of the sound source from the 
pickup is mainly determined by the distance of the source from the 
pickup and the reflecting properties of the set walls, it is seen that the 
focal length of lens to give proper coordination depends mainly on the 
acoustic properties of the set. With given set conditions the microphone 
might be said to have a focal length whose value is equal to the optical 
“focal length of the camera lens which must be placed beside it, in order 
that the picture and sound shall coordinate properly. In practice, how- 
ever, the camera is often equipped with a lens of greater focal length. 
Under these conditions the microphone must be placed closer to the ac- 
tion than the camera, since its position is that of an assumed camera 
having a lens of the correct focal length to give proper visual and acous- 
tic coordination and forming an image of the speaker which is the same 
size as the image being taken by the actual camera in use. 

The described method of coordinating sight and sound in the sound 
pictures depends on the control, as far as possible, of actual factors of 
seeing and hearing. The microphone should be placed, therefore, as 
nearly as possible on a line joining the center of the action with the 
camera position. This is of more importance where there is a consider- 
able depth of action, i.e., forward and backward motion of the speakers 
or where the actors turn away from the camera during the scene. The 
importance of the correct angular placement of the microphone from 
the scene is accentuated in cases where the actors alternately speak in 
positions facing toward and away from the microphone, since the change 
in quality accompanying this change of position will not coordinate with 
the angle from which the picture is seen unless the microphone is ap- 
proximately in the line of action of the camera. Since the monaural sys- 
tem fails to reproduce physically the factors controlling one’s acoustic 
sense of direction, the direction factor itself does not enter in as one of 
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the requirements to be fulfilled by the microphone position, there re- 
maining the quality change versus angular position only. 

Fig. 1 shows three curves of microphone placement factor as a func- 
tion of the focal length of the camera lens. Microphone placement factor 
is the ratio of the proper microphone distance for good illusion, to the 
camera distance, expressed in percent. Curve 2, Fig. 1, including its 
dotted straight line extension, represents the position which a 35 milli- 
meter lens should occupy in order that its image will be of the same size 
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as that taken by a lens having focal lengths represented by the abscissae 
of the curve. In a similar manner Curve 1 with its dotted extension, and 
Curve 3 with its, represent similar conditions for cameras equipped with 
25 millimeter and 50 millimeter lenses respectively, Curve 2, therefore, 
represents the microphone position provided the set acoustics are such 
that the microphone should be placed beside a 35 millimeter camera to 
obtain the correct illusion. In practice, however, owing to camera and 
stage noises, as well as possible reflections of sound from the walls of 
the enclosing sound stage, it has been found advantageous to decrease 
the microphone distance slightly, for lenses of short focal length, in ac- 
cordance with the full line curve. This deviation from the straight line 
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relationship occurs for lenses which are in general used for long shots 
only, and one’s ability to judge distance acoustically under these condi- 
tions is not sufficiently accurate to cause noticeable lack of coordination. 

The nature of the data from which these curves were obtained will be 
discussed briefly before proceeding with the description of the set acous- 
tics, which correspond to Curves 1, 2 and 3 of Fig. 1, respectively. Dur- 
ing the making of several pictures with which the writer was associated, 
data was kept of the following items: (1) focal length of camera lenses 
used ; (2) microphone positions; (3) materials of which the set walls were 
made; (4) conditions surrounding the set such as open outdoors, nature 
of sound stage, etc., and (5) the comments of both the engineers and the 
art critics regarding the results obtained when the pictures and sounds 
were reproduced in the review room. In some cases more than one 
camera was used at a time, in which case the focal length of the lens 
used for obtaining the data was that of the camera whose picture best 
matched the sound. This data was plotted in the manner shown in Fig. 1, 
and showed a trend similar to that represented by the three curves now 
shown in Fig. 1, but with a very considerable spread. The first attempt 
to determine the cause of this spread consisted in plotting the points for 
live sets and normal sets with different shaped marks, when it was im- 
mediately noticed that the points corresponding to the live sets were in 
general lower on the plot than those corresponding to the normal or 
average sets. The judgment as to whether the sets were live or normal 
was made aurally by the writer. 

At a later date it was possible to make measurements of the sound ab- 
sorbing properties of several of the various materials of which sets are 
normally constructed. These measurements showed a wide range in the 
coefficient of absorption from one material to another. In general those 
having medium absorption corresponded well with the sets which the 
writer had judged to be average, while those having low coefficients of 
absorption corresponded to the materials used in the sets which the 
writer judged to be live. 

Fig. 2 shows the range of various set materials broken up into three 
classes called, respectively, Class 1, Class 2, and Class 3. When the 
original data, from which the relationships of Curve 1 were obtained, 
were replotted in groups, depending on the absorption characteristics of 
the walls of the sets, Curves 1 and 2, Fig. 1 were obtained as correspond- 
ing to sets made of materials lying in Class 1 and Class 2 respectively, 
of Fig. 2. Under these conditions less than 10 percent of the points ob- 
tained in sets made of materials lying in Class 2 lay outside of the band 
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represented by two lines, the first being drawn midway between Curve 
1 and Curve 2, and the other lying midway between Curve 2 and Curve 
3. A similar degree of precision was obtained with the points plotted 
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from data obtained from conditions existing in sets whose walls were 
made of materials lying in Class 1, Fig. 2. The writer’s experience with 
sets made of materials lying in Class 3 was very limited, and Curve 3 
is therefore not nearly as accurately determined as Curves 1 and 2. 
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It has been found, also, more difficult to obtain the illusion satisfac- 
torily in sets made of materials lying in Class 3. This may be due to the 
fact that with dead sets reflections from the walls of the sound stage 
begin to introduce appreciable interference with the sound reflections 
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actually taking place in the set. There is, however, insufficient data 
available to make any definite statements at the present time regarding 
the partial failure in sets of this character. 

Fig. 3 shows the measured absorption curves of a common set wall 
material; Curve 1 is for the material finished with wall paper and Curve 
2 for the material finished with plain paper, oil painted. It will be noted 
that this material would lie in Class 2, Fig. 2. In the measurement of 
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these materials for the use in motion picture sets, precautions were taken 
to see that they were backed by absorbing material placed between the 
set structure and the walls of the reverberation chamber.* 

Fig. 4 represents two drawings of the same set whose walls were made 
of materials lying in Class 2. The action in both cases was the same, the 
drawing at A representing the condition for the long shot while that at 
B represents the arrangements for the close-ups. The action started at 
Pos. 1, in which position a dialogue took place. One of the participants 
then moved, as shown by the dotted line, from Pos. 1 to Pos. 2, where 


* Academy of Motion Picture Arts and Sciences, Technical Digest, Reprint No. 17. 
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a second dialogue with another person took place. After the first speak- 
er’s exit, as shown by the further dotted line, the two remaining speakers 
came together in Pos. 3. The drawing at B shows the set up for the 
three close-ups which were taken of the dialogues at Pos. 1, 2, and 3 re- 
spectively. The microphone positions are shown, respectively, at M,, 
M2, and M;. There was never more than one microphone in circuit at 
a time, since the action occurring during the transitions from Pos. 1 to 2, 
and from Pos. 2 to 3 had been covered by the long shot previously men- 
tioned. When this scene was finally edited, that is, the close-ups inserted 
at their proper places in the long shot, the illusion was excellent. How- 
ever, in one of the preliminary attempts at editing, the long shot sound 
track was pieced up, by mistake, with the close-up picture film corre- 
sponding to Pos. 2. In this case the voices of the speakers appeared to 
come from outside the room through an open window directly behind 
them, but not shown in the diagram. This effect of the sound appearing 
to come from behind the picture of the source is quite disconcerting to 
the listener, and within the writer’s experience no observers have been 
able to feel that the voice comes forward to the speaker under such 
circumstances, even though the loudness of the voice has been arti- 
ficially increased considerably. The effect of the speech being too close 
does not seem to be quite as disconcerting as having it too far back, al- 
though the illusion is lost in this case and the sound appears to come 
from a definite spot on the screen, i.e. the actual horn position. 

It is obvious that if there is much depth of action taking place in a 
scene being photographed with a camera equipped with a lens of long 
focus, the microphone must be moved in such a manner that its distance 
from the artist remains the correct percentage of the instantaneous 
camera distance. Fortunately, one’s accuracy of judgment of distance is 
not exceedingly good and it is possible to move the microphone pre- 
cisely enough by hand. 

Fig. 5 shows a drawing of action being photographed by a camera 
equipped with a 75 millimeter lens, and taking place in a set whose walls 
lie in Class 2, Fig. 2. The camera is to cover the action of a girl advanc- 
ing from Pos. 1 to Pos. 3 while singing. M, represents the microphone 
position corresponding to the artist’s Pos. 1. It will be seen, therefore, 
that if the microphone were to reamin stationary the artist would ac- 
tually pass it during her performance. M2 and M; are the corresponding 
microphone positions for the artist’s Pos. 2 and 3. The microphone was 
moved from M, through M, and finally brought to rest at M; as the 
artist moved from Pos. 1 through Pos. 2 and finally stopped at Pos. 3. 
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The picture and sound in this case coordinated exceptionally well and a 
very good illusion was created of the artist actually approaching from 
backstage into the near foreground. 

Mention should be made of the approximate precision of this method 
of control and of some of the empirical limitations of the method of 
creating the proper illusion. 
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It is difficult to express accurately the precision of a technique where 
the final result depends upon human judgment for its evaluation. It 
may be safely stated, however, that when using average sets, that is, 
sets whose walls are made of materials lying in Class 2, that the micro- 
phone must be placed at a position corresponding to the one given by 
Curve 2 plus or minus not more than half the distance between either 





LY, 


da 
om 


10d 
of 


1ere 
. It 
t is, 
cro- 
. by 
ther 


1931] JOSEPH P. MAXFIELD 79 


Curve 1 and 2, or 2 and 3. The amount of deviation permissible depends 
somewhat upon the listener, but in all cases where deviation greater 
than half the distance between the curves mentioned took place, it was 
a general consensus of opinion that the illusion was not particularly good. 

With reference to the empirical limitations, the fact that the illusion 
is not obtained as well in sets built of materials lying in Class 3, Fig. 2 
has already been mentioned. It has also been found difficult and at 
times almost impossible to obtain a good illusion with extreme close-ups, 
that is, with pictures where the head and top of the shoulders only fill 
the whole screen. The reason for this partial failure is not wholly clear. 
It should be remembered, however, that in viewing such a picture on 
the screen, we view it with two eyes and therefore know by means of 
the binocular effect that the image is not as close to us as its size would 
lead us to believe. If, however, an attempt is made to remedy the diffi- 
culty by working with the microphone slightly too far away from‘the 
speaker, the illusion is immediately created that the voice is coming from 
a position back of the image. It is a consensus of opinion of those who 
normally judge pictures, that this effect of the voice being behind the 
speaker is more disconcerting to an audience than the failure to get the 
illusion completely. 

It has been assumed in all of the foregoing that the sets are either 
erected out of doors or in a large dead sound stage such that the acoustic 
feed back from‘ the stage is negligible in the recording process. When an 
improperly damped stage is used or when loud, long duration sounds 
such as music, shouts, shrieks, whistles, etc., are employed, the illusion 
is not well obtained in sets housed in sound stages, the sound appearing 
to have originated in a space much larger than that shown in the pic- 
ture. However, such effects are not observed in sets built in the open 
out-doors. The writer’s experience is insufficient to determine whether 
the failure of the illusion with the loud, long duration sound is caused 
mainly by the increased loudness or mainly by the increased duration 
of the sounds as compared with syllable duration in speech. This whole 
matter has been complicated by the fact that for loud long duration 
sound the sensitiveness of the recording system has been manually de- 
creased so that the current delivered to the recorder would not exceed 
the maximum recording level. It seems probable, however, that within 
the intensity range of recording, the reflected sound which is of im- 
portance to the illusion, is that reflected from the walls of the set. Per- 
ceptible reflection from the walls of the sound stage appears to be detri- 
mental. 
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The foregoing results may be briefly summarized as follows: The ma- 
terial discussed is limited to empirical data obtained for the purpose of 
developing methods of photographing a scene and recording the accom- 
panying sound in such a manner that an illusion of reality is created 
when this scene is reproduced in a theater. The method of attack has 
been to analyse qualitatively those factors existing in normal seeing and 
hearing which remain active under the conditions of monocular photog- 
raphy and monaural sound recording. 

An empirical relationship has been shown between the placement of 
the camera and the focal length of its lens on the one hand and the 
position of the sound pickup microphone and certain acoustic proper- 
ties of the set in which the scene is being depicted, on the other hand. 
The criterion by which this correlation was judged was the observation 
of sound picture scenes photographed and recorded under known condi- 
tions. The conditions which, in the judgment of the observers, gave the 
best illusion were those used as a basis of the empirical curves of Fig. 1. 
Considering the fact that all the judgments were made subjectively and 
that only the major first order effects were considered, it is rather sur- 
prising that the technique devised operates as consistently as it does. 
Some eight or ten pictures have been made using this technique com- 
pletely, and the results were so well liked that the principles laid down 
here are being followed in a general way by several of the larger pro- 
ducers. 











MICROPHONE TECHNIQUE IN RADIO BROADCASTING 


By O. B. HANSON 


National Broadcasting Company 


The study of orchestral balance and microphone placement has been 
increasingly important in radio broadcasting as the requirements of the 
art have become steadily more severe. It was at one time satisfactory 
to locate a microphone and orchestral group in a studio so that the 
majority of instruments could be heard. However, it has now become 
necessary to take every possible precaution to assure faithful reproduc- 
tion of each instrument with as many significant overtones as possible, 
as well as to obtain a general blending of all the instruments comprising 
the group. 

In order to do this it is necessary to be extremely familiar with the 
characteristics of the apparatus used to translate sound energy into 
electrical impulses. One factor largely responsible for the improvement 
in broadcast transmission has been the development of a satisfactory 
condenser microphone. It was formerly necessary in order to overcome 
the inherent background noise of a carbon microphone to group an 
orchestra closely about the microphone. This gave high sound intensity 
at the microphone, and therefore, a higher program to carbon noise 
ratio. To do this, several comprosmises with correct microphone tech- 
nique were necessary. 

For example, with the increasing size of radio groups it was found 
expedient to set up a number of microphones and obtain a balance elec- 
trically rather than by arrangement of instruments. This has the in- 
herent disadvantage of producing distortion due to the fact that the 
sound is picked up by more than one microphone, the outputs of which 
when combined are not in the proper phase relation. Considerable 
emphasis should be laid on the fact that more than one microphone 
should never be used when it is at all possible to obtain a satisfactory 
balance by proper placing of the orchestra. 

Considerable improvement has been made, however, with the advent 
of the condenser microphone with self-contained amplifier. The very 
low background noise of the condenser microphone permitted groups 
to be set up at increasing distances from the microphone. This besides 
making it easier to obtain a satisfactory balance permitted the use of 
larger groups with beneficial results. However, as the distance between 
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the microphone and the instruments increases, the acoustical conditions 
of the studio became more apparent. Greater care should therefore be 
exercised in choosing the acoustical treatment, and in applying it to the 
walls and ceilings. 

‘Even in rooms where the acoustical conditions are not ideal for this 
sort of setup, successful pickups can be obtained by acoustically shielding 
the microphone from interfering sound reflections. Generally speaking, 
the use of a single microphone location is desirable as under these condi- 
tions the entire problem is simplified. Obviously, it is easier to balance to 
one location than it is to balance to several locations. This arrangement 
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more nearly parallels the condition existing when one is listening to 

_ the orchestra in person. The use of several microphones scattered about 
in an orchestra produces a distortion which perhaps cannot necessarily 
be analysed by the listener, but which under no circumstances can be 
made to sound natural. 

The condenser transmitter (or any diaphragm type of microphone) has 
characteristics which must be thoroughly understood if best results are 
to be obtained. Referring to Fig. 1, it will be seen that the response of a 
microphone to sounds having a frequency of 500 cycles or less is practi- 
cally independent of the angle at which the sound approaches the dia- 





phragm, that is, for angles less than 90 degrees to the foward axis of the 
microphone. For frequencies above 500 cycles, it will be observed that 
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the microphone response decreases as the angle that the source of 
sound makes with the microphone axis, increases. For 5000 cycles, this 
decrease amounts to 11 db for an angle of 90 degrees. Since the majority 
of musical instruments depend for their quality or timber upon the pre- 
sence of overtones or harmonics of the fundamental note, it is obvious 
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that if these harmonics are discriminated against in the pickup system, 
the quality will be materially changed. 

In view of the frequency limitations placed on broadcasting by the 
telephone circuits used in the makeup of national networks and the 
high frequency cut-off of present day radio receivers, the maximum 
frequency which it is necessary to consider is 5000 cycles, although 
microphones, amplifiers and radio transmitters used in the modern 
broadcasting systems are capable of transmitting a frequency band from 
30 to 10,000 cycles without discrimination. The standard tolerance al- 
lowed on broadcast equipment is a variation of 2 db over the significant 
frequency range. It seems reasonable that the same limit should apply in 
this case. 

Referring to Fig. 2, which gives the same information contained in Fig. 
1, on rectangular coordinates, it will be seen that the angle correspond- 
ing to an attentuation of 2 db at 5000 cycles is approximately 30 degrees. 
This information applied to the arrangement of an orchestra before a 
microphone means that all instruments having fundamental frequencies 
or significant harmonics between 500 and 5000 cycles should be kept 
within an angle of 30 degrees on either side of the microphone axis. The 
determination of which instruments require the greatest consideration 
in this respect is a matter which usually can be readily determined by a 
production director. Obviously treble-stringed instruments and certain 
of the woodwinds fall in this class. 

The placing of instruments to obtain the proper relative sound in- 
tensities at the microphone is also a matter which can probably best be 
handled by a person of musical training. There again, however, the 
violins, cellos and woodwinds are usually found to have the weakest 
sound intensity, necessitating their being placed nearest the microphone, 
while the drums, bass instruments and horns can be placed at a greater 
distance. 

Fig. 3 shows the setup of a 110-piece symphony orchestra. It will be 
noted that the instruments are so placed not only to obtain the usual 
balance required for theater or concert work but also to obtain the 
proper harmonic balance allowing for the microphone’s directional 
characteristics on the higher frequencies. The microphone is also 
acoustically shielded to prevent and control reverberation in the un- 
used portion of the studio or auditorium behind the microphone. The 
definition of tones in such a scheme as this is very pronounced. 

In the case of balancing orchestras in hotels and grill rooms, the prob- 
lem is somewhat different as the space allotted to the orchestra and the 
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position of the microphone are usually definitely fixed. It may even be 


impossible to shift such instruments as the tympany or the piano. It 
has been found rather necessary therefore, in field pickups of the NBC, 
to use a combination of two microphones, known as a duo microphone. 
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SET UP OF //0 PIECE SYMPHONY ORCHESTRA 
Fic. 3. 


The advantage of this device is that it permits a wide angle of pickup 
without appreciable interference effect. The output of the two micro- 
phones is always so combined at the mixing panel that they may be 
considered as a single unit. 

It is frequently necessary to deviate from the general practice of 
using but one microphone in field work, since the conditions are invari- 
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ably far from ideal. In theater or opera pickups this is particularly true 
since these performances are usually arranged to have greater appeal to 
the eye than to the ear. This in itself makes the performances in most 
cases not readily adaptable to a radio audience. First, it is impossible 
to place microphones where best balance of the orchestra can be ob- 
tained, as this would necessitate placing the microphone in the line of 
vision of the audience. Second, the performers on the stage are continu- 
ally in motion and the microphones must be placed in the footlights, in 
the wings, and in some instances backstage, and their outputs com- 
bined electrically. As stated heretofore, this is decidedly undesirable 
from a quality standpoint due to the differing phase relationship of the 
microphone outputs. 

One of our greatest problems in broadcasting was the pickup of oper- 
atic performances from the old Chicago Civic Opera House which were 
broadcast before the advent of a reliable condenser microphone. In that 
particular instance, in 1926, eighteen carbon microphones were used, 
not all simultaneously, but at least half this number were in use all the 
time. Due to the short range of the carbon microphone, limited by its 
inherent carbon noise and the necessity of concealing the microphones in 
the footlights, pickups from the center of the stage were at the best far 
below studio standards. The movement of the performers about the 
stage required great alertness and skill on the part of the engineer at 
the eighteen-position mixer, in endeavoring to select the microphone 
nearest to the performers and to keep others faded out, which added 
nothing but echo. 

Broadcasting under these conditions required many hours of rehear- 
sal, at several performances. To obtain orchestral balance within itself 
was difficult, as the microphones had to be placed on stands in the 
orchestra pit. The proximity of the microphones to individual groups of 
instruments made these instruments, rather than the orchestral en- 
semble, responsible for the volume control. The practice at that time 
was to have one engineer handle the stage individually, and another 
handle the orchestra balance. A third acted as master control of volume 
and mixed the balance between the orchestra and the stage. With the 
advent of condenser microphones the problem was simplified somewhat 
as fewer microphones were required, each microphone being capable of 
working over a greater distance due to its lower inherent noise. This 
change made it possible to place the controls in the hands of one man. 

In the planning of the new Chicago Civic Opera House, designs were 
prepared by the National Broadcasting Company, and the proper ob- 
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servation rooms and broadcasting equipment were supplied and per- 
manently installed by the opera house company. This equipment was 
used throughout the season of 1929 and 1930. 

It was, however, obvious to us that the only solution of our compli- 
cated problem was the development of a more sensitive microphone with 





Fic. 4. 


directional characteristics which could be used to follow the action 
on the stage and which could be placed sufficiently far away from the 
orchestra to obtain a proper balance. During the summer of 1930 our 
Development Group experimented with various types of directional 
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microphones and finally developed a suitable parabolic sound reflector 
which would work satisfactorily in conjunction with the standard con- 
denser microphone. Figs. 4 and 5 are photographs of the parabolic re- 
flector microphone, resulting from this work. 

This type of microphone was used during the season of 1930 to 1931 
in the Chicago Civic Opera House, and has since been used in both the 
Philadelphia and New York Metropolitan Opera Houses. Certain of our 
well known programs are regularly broadcast from our Times Square 
studio, using this type of microphone. Curve (a) Fig. 6 shows the direc- 
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Fic. 6. Comparative axial response camera and parabolic reflector microphone at 1000 cycles. 


tional characteristics of the ordinary camera type condenser micro- 
phone, while curve (b) shows the directional characteristics of the NBC 
parabolic microphone at 1000~. It will be noticed that there is an in- 
crease in sensitivity along the line of the axis, of about four to one. 
Much has been said about the frequency limitations of such a device, 
and considerable difficulty was experienced in obtaining the frequency 
characteristics, which this device now gives. Fig. 7 shows the frequency 
characteristic with the microphone placed at an eight inch focal 
length. It will be seen that the response characteristic is flat over the 
frequency range along the axis of the microphone but falls off rapidly, 
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as is desired, at an angle of thirty degrees off the axis. Fig. 8 shows the 
characteristic of the same device with the microphone on an eleven inch 
focal point which is the true focal point of the parabola. It will be noted 
that the efficiency increases rapidly with increase in frequency as would 
be expected in a device of this type. In certain instances where the high 
frequency absorption of the auditorium ischigh and there is the attend- 
ant decrease in definition and articulation because of it, the ability to 
refocus the microphone, increasing its high frequency response, to offset 
this condition is advantageous. The directional microphone can be 


i 


MW 
HIN SN 
TAN RRS 

UIT SSO 
BZ, @, OT} AWS \S 
aij, fag th CLARY 
Uy a DARN 
Zea My NNN 

{7 


Ze 


AN A 
Zo 


anne 


My 
Gift) Mea: . 
OMT \\ 
ATT AN 


; 
LIT i\\\ 
Y HHL AN \\ 


} ein; 
ny, 
SPALL 
ten fet 
4 ALAA ITH 
atin 
i} 


SL 
Gj Ly} 
CU, Ly \ \ 
Z My Ae Tht MY 
hes ee Mi A He Y AON Si 
otis, inti Lp THUAN 
EARTH HA ALANS y 
in Ue nai ARN 
WATT iit! 
My, a TW 
pte nin AH HHAGELUUEOAUU NAAN 
mt Wy 
i] 


» 


‘ 


~ 
ht 
SS 
- 
» 


) 
AN 


x\>¢ 
~ 
e 


\) 
% 
SKY 
SS 


SS 


ee 


Mi 
HTT 


ct 


BX 
$ 


Be 


H eS SOXLXS 
a aay A + ESAS RISKY 
LP artranicedianianratratyes 
L] Hf LH RAR PR AILCROAG 
hy LEED Ft seacasigubind Orr 
as ee) 
DET ASS 


HT Th . by 
r a OO OL FF 
LAT H 1 4003-a-L84 PEIBATEO A 3 
wae saae TH ay evar 
mae Ly a y v 
cS 
oo | GAY 


placed at a point sufficiently far away from the orchestra so that it is 
nearly equi-distant from all the instruments and the problem of balance 
and volume control are thereby greatly reduced. The ability to use 
several of these microphones at the same time, placed equally distant 
from the various sound sources, and thus cover large groups without 
the evils of phase distortion caused by the use of several normal micro- 
phones, is a great advantage. Fig. 9 shows how these microphones 
were placed in the Chicago Civic Opera House. One (giving practically 
no response to sound from the stage) was focused on the orchestra and 
two others were trained on action in left and right stage. This latter plac- 
ing was necessary because of the immensity of that particular stage. It 
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the would be desirable of course to use only one, and this is done where the 
nch dimensions are smaller. 
ted Another advantage of the directional microphone is its ability toa ~ 
uld great extent to disregard the acoustics of the room or auditorium, as it 
igh responds only to that sound upon which it is directly focused and does 
nd- not hear reverberation out of its field, in the auditorium. This effect is 
y to | so marked that in some instances it has been necessary to add artificial 
tset reverberation to complete the illusion for the radio audience. Such is the 
be case in the broadcasting of the li Roxy Symphony, where two of 
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it is \ 
ance these parabolas are used to cover the orchestra, one on broad focus and 
. use the other free to swing and focus on such instruments as are carrying the 
stant | lead or playing obligato parts. It was found that the reverberation was 
hout so reduced that it was difficult to associate the result with a 200-piece 
icro- orchestra playing in the Roxy Theatre, since with ordinary pickups ex- 
jones ; cessive reverberation had been objectionable due partly to the auditor- 
cally ium and partly to the use of multiple microphones. It was therefore 
, and found desirable to effect a compromise which would give to the listener 
plac- a tone picture, corresponding to their impression of how the orchestra 


would sound to them were they present in the theater. To accomplish 
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this a standard condenser microphone was placed adjacent to the 
stationary parabola and faded in sufficiently to produce the desired 
reverberation. Such a device, which can control reverberation by the 
turn of a dial, has its advantages. , 
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From the foregoing statements it is obvious that the directional 
microphone has considerable value to the motion picture industry, as 
here it is most important that the line of sound follows the line of sight, 
and it should prove a helpful solution to some of their problems. 

Our experience with these directional microphones indicates that it is 
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one of the greatest steps forward in microphone technique since the 
advent of the condenser microphone, and I expect to see considerable 
development in directional microphones in the next few years, which in 
turn will enable broadcasters to build larger productions and transmit 
them with even more fidelity than at present. 

In concluding I would like to give credit to Mr. R. M. Morris 
and Mr. G. M. Nixon of NBC’s development group, for their efforts 
toward the development of the directional microphone, and data con- 
cerning it. 





MEANS FOR RADIATING LARGE AMOUNTS 
OF LOW FREQUENCY SOUND 


By Epwarp W. KELLocG 
RCA-Victor Company 


PURPOSE 


It is desired for certain musical effects to radiate large amounts of 
sound at low frequency. From about 200 cycles up, present designs of 
loud speakers will handle sufficient power for most purposes, but no 
electrical device is available which compares with a pipe organ in 
ability to radiate sound below 100 cycles. Such an electrical radiator 
would open new possibilities in musical expression, for the pipe organ is 
at present almost the sole reliance for such sounds, and the organ has 
certain limitations, the two most serious of which are sluggishness, and 
impossibility of controlling the loudness of individual notes. Loudness is 
controlled by swells and stops, both of which act on groups of notes. The 
sluggish response of organ pipes is probably due principally to the fact 
that the air jet can impart little power to the resonating system until 
oscillation is established. An electrical source of low tones could produce 
staccato and percussion type tones as desired, and tone quality could 
be controlled by simple means. 

An electro-acoustic device of large radiating power may also prove 
valuable for electrical chimes. 


SouND POWER NEEDED 


The amount of acoustic power which will be desired may be estimated 
from several different standpoints, and it will be of interest to compare 
their results. 

Present theater equipments are designed for a peak amplifier output 
of about ten watts. A few installations have a rating of forty watts. The 
efficiency of the loud speaker units is estimated to be of the order of 
20 per cent, which would give from two to eight watts as the maximum 
rate of sound radiation. This capacity is required to take care of the 
instantaneous peaks for an entire musical composition. The bass alone 
represents only a fraction of this power. On the other hand, it is desired 
to largely enhance the bass. Data published by Fletcher! indicate con- 
siderably more output by bass instruments than by those of higher 


1H. Fletcher “Speech and Hearing ” Van Nostrand Co. 
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pitch, and he suggests (page 98) that this is to compensate for the re- 
duced sensitivity of the ears at low frequency. 

On page 162 of “Speech and Hearing,” Fletcher gives a series of equal 
loudness curves. These indicate that from ten to one hundred times more 
sound pressure is required to give the same impression of loudness at 30 
cycles, than at 500 cycles. At high levels of loudness (and this is the 
condition with which we are here concerned) the smaller ratio is appli- 
cable. It is not necessary, however, that the increased sound pressure 
at low frequency be obtained entirely by increased sound output from 
the instruments. Differences in acoustic absorption in the room result in 
large augmentation of the low frequency tones. Neither is it clear that 
the condition of equal loudness needs to be fully attained. Low tones 
are not readily masked by higher tones, and may strongly influence the 
quality of chords without being actually as loud as higher notes. This 
point may be readily checked by observation of organ music. The out- 
put measurements given in Fletcher, page 97, indicate sound pressure 
differences of less than two to one as between the bass and treble in- 
struments listed. On page 95 is given a curve of sound pressures pro- 
duced by normal blowing of the pipes of an organ. The curve shows a 
little over three times the sound pressure at 64 cycles as at 512 cycles, 
but this includes the absorption characteristics of what is described as 
an ordinary room. It seems reasonable then to conclude that an output 
in the bass range, about equal to that now available in the mid-range 
from existing loud speaker equipments, would be suitable for most pur- 
poses. 

Further evidence in regard to the desirable loudness levels for audi- 
toriums is given by Wolf and Sette.? These authors give curves showing 
the relationship between auditorium size and required acoustic power, 
based on observations in a large number of threater auditoriums, as 
well as on calculations. They estimate from .06 to .6 watts (depending 
on the size and absorption of the auditorium) required to produce at the 
average listener’s position an intensity of .04 microwatts per sq. cm., 
which their observations had indicated was adequate for the loudest 
sounds desired for sound-picture work, including musical scores. This 
figure is for a maximum sound sustained for about .05 seconds. An 
allowance of 5 db. for peaks was therefore recommended, which would 
bring the maximum instantaneous power up to .19 to 1.9 watts. An 
allowance of 5 db. above .04 would bring the intensity to .126 micro- 
watts per sq. cm., which corresponds to 7.2 r.m.s. bars. 


2S. K. Wolf and W. J. Sette “Acoustic Power Levels in Sound Picture Reproduction,” 
Jour. Acous. Soc. of America Vol. 2 No.3 p. 384, January, 1931. 


wo 








96 JOURNAL OF THE ACOUSTICAL SOCIETY _ [Juty, 


An idea of the range of pressures developed at the ear in ordinary 
conversation, may be gained from Fig. 1 of “Physical Characteristics of 
Audition,” by R. L. Wegel.* This audiogram shows the ordinary range 
of pressures and frequencies, as compared with the total range to which 
the ear responds. The region indicated as normal conversational level 
ranges from .3 to 20 bars. Assuming that moderately loud music would 
develop about the same pressure at the ear as the loudest of the sounds 
of normal conversation, we may conclude that 20 bars would be satis- 
factory for the music. This is the same as the value which may be infer- 
red from the curve given in Fig. 55 of Fletcher’s “Speech and Hearing” 
page 95, which shows a pressure of 20 bars produced by the 64 cycle 
organ pipe. It may be assumed that the organ was fairly well suited to 
the room, and the sound intensities which it produced were pleasing. 
At the bottom of the same page is made the statement “Experiments 
with the pipe organ in the Warner Brothers Theatre of New York City, 
indicated that the sensation levels produced in the main body of the 
hall were from 40 to 50 db., which are somewhat lower than those shown 
in Fig. 55.” A sensation level of 40 db. (decibels above normal threshold) 
corresponds to about 20 bars at 64 cycles and about .1 bar at 500 cycles. 
Inasmuch as the statement just quoted makes no reference to the rela- 
tion between intensity and frequency, it must be interpreted in very 
general terms only, to the effect that organ music considerably less 
loud than corresponding to Fig. 55 was considered satisfactory. The 40 
to 50 db. sensation level is so far below the values given by Wolf and 
Sette as desirable (namely in the range of 65 to 80) that it seems clear 
that the organ test just mentioned was not with what would be con- 
sidered loud music, and that the figures given probably refer to mean 
rather than maximum values. 

Assuming 20 bars as a desirable sound pressure at the listener’s posi- 
tion, the power required may be calculated from the general auditorium 
acoustics formulae. The power required to build up a given sound pres- 
sure in an auditorium will depend on the absorption in the room and 
the duration of the tones. For notes sustained long enough to develop 
steady state intensity, the formula E =4//CAS is applicable, in which 


E =energy density ergs per c.c. 
J =rate of energy supply, ergs per second 
C =velocity of sound cms. per sec. 


3. R. L. Wegal “Physical Characteristics of Audition ” Bell System Tech. Jour., Vol. 1, No. 
2, November, 1922. 
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AS =sum of products of areas in square centimeters by absorption 
coefficients =930 X< total absorption in sabins or square feet of 
equivalent open window. 


The relations between r.m.s. sound pressure P in bars, intensity J in 
ergs per second per sq. cm. of wave front, and energy density E in ergs 
per cubic centimeter, are 

me 3 

I i  — 

pC = 41 
for average conditions, in which p = density of air =about .0012 grams 
per c.c., and 


I 
E=—= 


at 20° C. 
C 34300 





whence P =20 corresponds to J =10, and to E =10/34,300 =.29 x 10-8 
ergs per c.c. The power required is J =ECAS/4 =IAS/4. 

An auditorium 50100200 feet would have an interior surface 
of 70,000 square feet. An average absorption coefficient of .06 would be 
as high as could be expected at frequencies below 100 cycles. This would 
make the total absorption 4200 sabins or 3,900,000 sq. cm. units. To 
give P =20 or I =10 would call for J =10 X3,900,000/4 =9,750,000 ergs 
per sec. or about one watt if sustained several seconds would give P =20 
bars. Although the calculated reverberation time corresponding to the 
above figures is 12 seconds,‘ the rate of building up of sound energy 
density is such that E reaches about two thirds of its ultimate value in 
one second, and a fourth of its final value (giving one half the final 
sound pressure) in a quarter second. 

To produce a sound pressure of 20 bars (or one microwatt per sq. 
cm.) out of doors at 100 feet from the source would require 27(100 
xX 30.5)? =58 X10® microwatts or 58 watts. 

On page 97 of “Speech and Hearing” are given tables of sound pres- 
sures produced by individual voices and orchestral instruments. The 
figures given correspond to 20 to 50 milliwatts output for loud singing, 
and from 20 to 100 milliwatts for orchestra instruments played loud. 
One hundred voices or a one hundred piece orchestra might be expected 
to produce from one to five watts of sound during loud passages, but 
only a fraction of this would be in the bass. 

4 The prolonged reverberation which this figure would lead one to expect is not observed for 


the reason that the threshold intensity for the low tones is high and they therefore drop below 
audibility as quickly as the higher tones that are more strongly absorbed. 
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Probably the most comprehensive series of measurements yet pub- 
lished on the outputs of musical instruments, is given by Sivian, Dunn, 
and White in a recent Acoustical Society paper.® The largest acoustical 
outputs reported by these authors were 66.5 watts for a 75-piece or- 
chestra, 24.6 watts for a bass drum and 12.6 watts for a pipe organ. 
These were extremes. Other 75-piece orchestra selections reached 8 to 
14 watts, other bass drum outputs ranged from 1.2 to 13.4 watts and 
another organ 3.5 watts. The authors also recorded the peaks of power 
occuring within various frequency bands. The bass drum gave the larg- 
est peaks within the 250 to 500 cycle band, with about 10 watts in this 
range. The orchestra covered a wide range, with the strongest peaks in 
the 250 to 500 cycle band. The organ, whose total output reached 12.6 
watts, gave peaks of 10 watts between 20 and 62.5 cycles. 

The electrical bass instrument would not necessarily need to equal the 
output of the strongest existing instruments in order to exert a pro- 
nounced effect in a musical production. With an output of one watt it 
would be a powerful instrument, even though falling somewhat short 
of a large organ played its loudest, or of a bass drum. An output of 5 to 
10 watts would be desirable to develop the full potentialities of such a 
device, but we shall make our calculations on the basis of one watt of 
sound output, and it will be understood that if somewhat greater power 
is desired the obvious expedients of more units or greater amplitudes 
may be employed. 


LOWEST FREQUENCY 


With respect to the question of how low frequencies should be at- 
tempted, some indication may be had from the fact that the lowest 
piano note is about 25 cycles and the lowest organ note about 16 cycles. 
The low piano notes have little fundamental. Analyses of a number of 
organ notes are given by Wegel and Moore’ and by Fletcher page 94. Of 
these a 64 cycle “Bourdon pipe” radiates most of its energy as funda- 
mental, but it is more than likely that the same would not be true of a 
16 cycle pipe.” Others pipes such as cello and trombone pipes, radiate 

5 L. J. Sivian, H.K. Dunn and S. D. White “Absolute Amplitudes and Spectra of Certain 
Musical Instruments and Orchestras,” Jour. Acous. Soc. of America, Vol. 2, No. 3, p. 330, 
January 1901. 

6 R. L. Wegel and C. R. Moore “An Electrical Frequency Analyzer,” Trans. A.I.E.E., Vol., 
43 p. 463, 1924. 

7In the Encyclopedia Britannica, 11th Edition, Vol. 20, p. 259 it is stated that “the 32 
foot tone (16 to 32 cycles octave) bourdon is not usually a successful stop. It rarely produces 


its true notes in the lower part of its range. The 32 foot reed on the pedal has long been a 
characteristic of the largest instruments.” 
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most of their energy in overtones. In view of the rapidity with which 
the difficulties and size of the required apparatus increase as the range 
is extended to the very low notes, it seems best to be satisfied with a 
lower limit of about 30 cycles. It is safe to assume that if adequate radia 
tion at 30 cycles is obtained, the radiation of higher frequencies in the 
bass range will be at least as much. In certain cases it is possible to de- 
sign more efficient low frequency radiators if the range is limited to 
moderately low frequencies. This is brought out by C. R. Hanna.* The 
large area devices, mentioned below may show objectionable directive 
properties in the upper and middle frequency range, and it may be 
desirable to employ electrical filters or to use them only in conjunction 
with sources of low frequency current, not only to avoid such directive 
effects, but also in order to reserve the entire load capacity of the loud 
speaker and its associated amplifier, for the radiation of the low bass 
tones. 
TYPES TO BE CONSIDERED 
The possible types of loud speaker for this purpose include 


(1) Large area single diaphragm with baffle. 

(2) Large area composed of multiple units, with baffle. 
(3) Multi unit, short horn construction. 

(4) Long horn type, one or several units. 

(5) Siren type with horn. 


While the large area single diaphragm may turn out to be the better 
final design and might be structurally simpler than an equal area made 
up of a number of smaller units operating in phase, it does not offer any 
important advantages (especially since the range of the system may be 
confined to moderately low frequencies) while the latter has the ad- 
vantage that it may be made up of practically standard units. 


RADIATION FROM LARGE AREA DIAPHRAGMS 


At thirty cycles the wave length is about 36 feet, and any radiator 
less than about 18 feet diameter would need to be considered as a small 
source. (For sources small in comparison with a wave length, if all radi- 
ating areas are in phase, the total displacement required to radiate a 
given acoustic power, is practically independent of the size of the 
radiating area.) Rayleigh® gives the following formula: 

§C.R. Hanna “Loud Speakers of High Efficiency and High Load Capacity,” Trans. A.I. 


E.E. Vol. 47, p. 611, February, 1928. 
® Rayleigh “Theory of Sound,” Vol. IT, p. 116, 
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Power radiated =pk?aA?/2w ergs. per second 
p =density of air =.0012 grams per c.c. average 
a =velocity of sound =35,300 c.s. per sec. average 
k =2n/d =2rf/a. | 
w =Solid angle into which radiation takes place 
A =rate of displacement at center, cc. per second (maximum of cycle) 
Using the above values for p and a gives for the power radiated 


69/242 
wea 4 





X 10° watts. 
@® 


For A we may substitue 27fXS, in which X is the amplitude of move- 
ment in cm. and S the area of the vibrating surface is sq. cm. Then 








.69/7(2r XS)? 2.7f'X*S* 
W = _- faa XS)* x 10-8 = Bo Ha X 10-' watts 
® Ww 
Ww10!? 
X282 = 
2.7f* 
608000 
XS = r V Wo. 


To put out one watt at 30 cycles on one side of an infinite baffle (w =27 
solid angle units) would call for 


" 608000\/1 & 2x 
ie 900 


= 1690 c.c. 


If the amplitude is .1 cm., a diaphragm area of 16,900 sq. cm. would be 
needed, which might be a single area about 1.3 meter square, or might 
consist in about 54 eight inch cones. 

The reaction of the air on the diaphragms is in the nature of an added 
mass as well as a resistance. Rayleigh!® gives the mass reaction on a cir- 
cular diaphragms of radius R in an infinite baffle as 8R%p/3 grams or 
equal to the mass of air in a cyclindrical volume of the same diameter 
as the diaphragm and 8R/3z long. This holds only for the case in which 
the diameter is substantially less than 1/7 wave lengths. Assuming that 
the same formula is approximately true if the diaphragm is square, we 
may estimate the forces required to drive the diaphragm. A 1.3 meter 
square has the same area as a circle of 73.5 cm. radius. The diaphragm 
may then be considered as carrying a column of air 73.5 X8/3m =62.5 


10 Rayleigh “Theory of sound,” Vol. II, p. 302. 
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cm. long, and each square centimeter of diaphragm as loaded with 62.5 
xX .0012 =.075 grams. This is for the case of a continuous diaphragm. 
In the case of an assembly of cones, if these are placed as close together 
as practicable, only about half the area will move. It would therefore be 
necessary in order to provide the same total area of moving diaphragm, 
to cover about two times 1.69 square meters with the assembly. The 
air loading must then be figured on the basis of an equivalent radius, 
not of 73.5 cm. but /2 X73.5 =104 cm. This would impose a load of 
075 X+/2 =.106 grams on each square centimeter of a continuous 
diaphragm. The larger continuous diaphragm, having double the area 
of that previously calculated, would only have to move half as far or 
.05 cm. The air pressure per square cm. against the cones when they are 
vibrating with an amplitude of .1 cm., would be the same as would be 
experienced by the continuous diaphragm vibrating with an amplitude 
of .05 cm., and since the cones move twice as far and experience the 
same air pressure, the air loading per square centimeter of projected 
cone area is half that figured for the continuous diaphragm or .106/2 
=.053 grams. 

An 8” cone has a projected area of about 315 sq. cm. and the air 
would add 315 x .053 =16.7 grams to its mass. This is for one side only 
The backs of the cones carry an equal air load. The mass of the cone and 
coil assembly is about 12 grams, and the air reaction would bring the 
total up to 45.4 grams. The acceleration force for an amplitude =.1 
cm. at f =30 would be (2zf)?45.4x.1 =161,000 dynes. The power 
component of air reaction may be found from the power radiation, using 
the relation,—max. force =2 power radiated/max. velocity. Assuming 
54 eight inch cones radiating 1 watt. on each side, each cone radiates 
.037 watt =.37 10° ergs per second. The maximum velocity is 27 
X30 X.1 =18.8 centimeters per second. Hence the maximum force is 
39,400 dynes. The total driving force required per cone would be 
Vv (39400)?+ (161,000)? =165,500 dynes. The standard cone coil has 
about 1500 cm. of conductor (.007” wire) in a magnetic field of ap- 
proximately 10,000 gausses. The current required would be 10 x 165,500 
/10,000 x 1500 =.110 maximum or .078 r.m.s. amperes. The voltage 
developed by the motion of the coil would be 10,000 x 1500 x 18.8 
X10-§=2.82 or volts cyclic maximum or 2.0 volts r.m.s. Of this 
2X39,400/165,000 or .48 volts are in phase with the current, and 
2X 161,000/165,000 = 1.94 volts are in quadrature. To the in-phase com- 
ponent will be added the resistance drop of 0.78 amperes times 12 ohms 
or 9.4 volts making a total of 1.42 volts in phase with the current and 
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1.94 volts in quadrature. To the in-phase component will be added the 
resistance drop of .078 amperes times 12 ohms or .94 volts, making a 
total of 1.42 volts in phase with the current and 1.94 volts in quadrature. 
The total voltage drop would then be +/(1.42)?+ (1.94)? =2.4 volts. The 
input per cone is thus .078 X2.4=.187 volt amperes. The output from 
the front of the cones (that from the back is assumed to be wasted) is 
.0185 watt per cone, which is 10% of the volt ampere input. The ampli- 
fier would be required to supply 10 volt amperes of distortionless out- 
put, to give the desired watt of sound in the auditorium. 

It will be noted that the efficiency of the bank of cones is higher than 
that of a single cone. This gain is due to the acoustic reactions of the 
cones upon each other."! The cone mass is not a large factor. Coil resist- 
ance loss is just about large enough to be worth considering. The use of 
12 inch instead of 8 inch cones would result in greater resistance losses 
since there would be fewer coils to do the same wrok. Increasing the air 
reaction on the cones (for example by reducing the solid angle into which 
radiation takes place) results in a greater fraction of the input being 
used up in resistance loss, but if at the same time the air reaction is 
brought more nearly into phase with the motion, or if the ratio of useful 
radiation to wasted back radiation is improved, the efficiency of the 
system as a whole may be raised. Increasing the spacing of the cones, 
while still keeping the overall dimensions of the assembly within the small 
source limits or less than about 1/7 wave length across, may be ad- 
vantageous in that it will reduce the mass loading of the air. It has been 
pointed out that the energy radiation is practically independent of the 
spacing of the cones, depending only on their aggregate displacement. 
Considering again the question of the loading on a large circular dia- 
phragm, the air inertia is equivalent to moving 8R%p/3 grams of air 
bodily back and forth with the diaphragm. The kinetic energy repre- 
sented by moving this through an amplitude X would be .5(27fX)? 
X8R%p/3. To give a displacement V cubic centimeters, X must be equal 
to V/7rR?. Substituting this for X gives for the kinetic energy (2/?V?/R*) 
X8R%p/3 =5.33f2V2p/R, which is seen to decrease when R is made 
larger. This neglects the inertia reaction involved in a small local flow of 
air in the vicinity of the cones, which however is not sufficient to alter 
the general conclusion just reached. 

A bank of cones such as we are considering would give approximately 
constant radiation, if supplied with constant coil current, throughout 


1 J, Wolff and Louis Malter “Sound Radiation from a System of Vibrating Circular Dia- 
phragms.” Phys. Rev. Vol. 33, p. 1061, 1929. 
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the frequency range for which the diameter of the assembly is less than 
1/a wave lengths. Thus the assembly 208 cm. diameter would radiate 
uniformly from 30 to 53 cycles. Above this range the radiation would be- 
gin to fall off slightly, owing to the reduced interaction of the cones. This 
is on the assumption of constant coil current. With the cones supplied 
in the ordinary manner, the current would rise slightly with frequency, 
owing to reduced motional impedance. The assembly should work satis- 
factorily through a range of 30 to 200 cycles, and probably higher if de- 
sired. 
REDUCED SOLID ANGLE 


The calculations of output were based on the assumption of a flat 
baffle, or in other words, it was contemplated that the cone assembly 
would be located in an opening in a wall, not close to a corner. Radiation 
under these conditions takes place into a solid angle of 27 units. If the 
assembly is located at a corner between two walls at 90° or between a 
wall and floor or wall and ceiling, the solid angle would be reduced to 
a units. The same air displacement would give double the power output. 
If the assembly is located in a corner formed by three planes intersect- 
ing at 90°,—two walls and a floor or ceiling, the solid angle would be 
7/2 units. The radiation for a given displacement would then be quad- 
rupled as compared with the flat baffle case, or the desired one watt 
could be obtained with half the number of cones (27 cones) each vibrat- 
ing with the .1 cm. amplitude previously assumed. Since the acoustic 
power factor would not be materially altered (though slightly improved) 
while the coil copper would be halved, there would be approximately 
twice the resistance loss as in the case calculated. This, however, is not 
serious since the resistance loss was only a small fraction of the total 
volt ampere cone input. In general, a change in design which reduces the 
number of cones or total amount of coil copper employed results in an 
increase in copper loss. 


RADIATION FROM THE BACK 


One of the problems in the installation of any low frequency radiator 
of the vibrating diaphragm type, is the avoidance of objectionable 
effects of the radiation from the backs of the diaphragms. It the space 
behind the diaphragms is confined, there will be large reactions which 
will affect the diaphragm movements and cause the output to vary 
greatly with frequency. If the dimensions of the space are small com- 
pared with the wave length, the effect is to add stiffness and cut down 
the low frequency response. With larger dimensions, standing waves are 
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formed which react powerfully and irregularly (as the frequency 
changes) on the diaphragms. Absorption of low frequency waves re- 
quires very large quantities of absorbing material. If the space can be 
adequately vented to out of doors, this appears to be the most satis- 
factory solution, but adequate venting means practically placing the 
radiating device in an opening in an outside wall. The ideal solution 
would be to use a window close to a corner of the auditorium and close 
also to a corner of the building, so that the inside radiation would have 
the benefit of a small solid angle, while the solid angle on the outside 


Fic. 1. Baffled cone assembly in room corner. 


would be nearly 3z units. In most situations the sound radiated outdoors 
would not be a cause of complaint. One watt of low frequency sound 
would not seem loud outdoors at 100 feet distance. 

The utilization of the radiation from both sides of the diaphragms is 
an attractive possibility, especially since it appears that a baffle of 
moderate size would serve to separate the two regions. The baffle might 
be located in a corner formed between two intersecting walls, the plane 
of the baffle being normal to the line of intersection, and with a large 
enough hole next the corner to accommodate the cones. This arrange- 
ment is indicated in Fig. 1. If the shortest path from front to back of the 
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diaphragm, around the edge of the baffle is of the order of a quarter 
wave length, the circulation will not be such as to materially reduce the 
radiation, although it may somewhat impair the uniformity of response 
as frequency is changed. Thus a baffle width of 4-1/2 feet outside the 
diaphragm area, would prevent short circuiting at 30 cycles. Six feet 
would be better. The principal objection to this arrangement would be 
the region of interference in the plane of the baffle. Wall reflections 
would prevent this from being a region of no sound (expecially is com- 
plete symmetry with respect to the room is avoided) but to persons 
sitting in the baffle plane, the inability to sense the direction of the prim- 
ary source, might be unpleasant. It might prove desirable to place the 
baffle approximately horizontal, so aimed that no seats would be in the 
baffle plane. 

Another solution for the back wave problem is to raise the acoustic 
impedance on the front side, so the required forward radiation may be 
obtained with less diaphragm displacement and therefore with less 
radiation from the back. The location of a bank of cones near a corner 
of the room, or in other words, the reduction of the solid angle on the 
forward side, was a step in this direction. By the design of an actual 
horn structure this principle may be carried to the point where the 
back waves would not constitute a serious problem. 


DEVICES EMPLOYING Horns 


The primary requirements for a satisfactory exponential horn may 
be summarized in four propositions. 


1. The rate of expansion must not exceed that in which the cross section increases in the 
ratio ¢ or 2.72 in an axial length \o/4z in which Xo is the wave length of the lowest frequency 
which it is desired to radiate. 

2. The diameter of the final opening should at least be a half wave length (and preferably 
more) at the lowest frequency, but this may be safely reduced to a third wave length, if the bell 
ends in a hole ina large baffle or wall. 

3. Within the working range the acoustic impedance is substantially the same as that of a 
straight tube of the same cross section. 

4, The reaction on the diaphragm may be given a desired value by choosing the proper 
ratio of horn throat to diaphragm area. 

5. Bends may be made without seriously altering the characteristics of the horn, provided 
the difference between the shortest and longest path is less than a half wave length. 


Having selected 30 cycles as the lowest frequency to be radiated, the 
permissible rate of expansion is determined. It may be easier to express 
the rate of expansion in terms of the length required to double the area. 
The area may double in 1/18.1 wave length of the lowest frequency. The 
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wave lengtn at 30 cycles is about 36 feet, whence the cross section may 
double every two feet. 

To construct a horn with a bell eighteen feet across would in most in- 
stances be out of the question. If, however, the walls of the room can be 
made to constitute all or part of the horn bell, or mouth, the construc- 
tion problem is simpler. We might, for example, let three intersecting 
planes (two walls and the floor or ceiling) serve as a final bell, or expan- 
sion passage, provided it is suitably joined to the remainder of the horn. 
The shape of the horn would be as if three sides of a box had been used 
for the bell, the corner cut off and an exponential horn fitted to the open- 
ing as shown in Fig. 2. If reflections at the junction are to be avoided, 
the box bell should not expand faster than a continuation of the expon- 





Fic. 2. Exponential horn with box-corner shaped final opening. 


ential form would have expanded. The rate of expansion of a conical or 
pyramidal form, (expressed as per cent increase in cross section, per 
unit length along the axis) decreases as the distance from the vertex 
increases. Thus if expansion above a certain rate is to be avoided, the 
pyramid form must not be used too close to its vertex. At \o/2m from 
the vertex the rate of expansion of a pyramid or cone is just equal to 
that of the exponential horn which doubles in cross section every 
\,/18.1. Hence this is the logical point at which to make the transition. 
The area of a cross section, measured normal to the cube diagonal, at a 
distance b from the corner, is approximately 2.6b?. On account of the 
curvature of the wave front, however, the effective cross-section would 
be something less than 2.6)?. The area of a spherical surface } feet from 
the corner would be rb?/2 =1.6b? approximately. It would be safe to use 
the smaller figure. Since some reflections may be tolerated, it would 
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ordinarily be permissible to make the transition still closer to the corner, 
but for the present we shall confine ourselves to the most nearly ideal 
construction. Since \,/2m is approximately 6 feet, the effective cross 
section of the pyramidal bell at 9/27 from the corner would be 58 
square feet. The exponential part of the horn would therefore expand to 
an area of approximately 58 square feet where it enters the corner of 
the room. Since the area of the exponential part doubles every two feet, 
the length can be calculated for any chosen throat area. 

The desirable throat area would depend on the diaphragm system 
chosen. Since preference would be given to the employment of units al- 
ready in large production, it is in order to calculate the performance of 
eight inch cones, singly or in combination. Taking the mass of the cone 
and coil as 12 grams and the frequency range as 30 to 200 cycles, the 
mass reactance at 200 cycles would be 2x X200 X12 =15,000. It is de- 
sirable for the sake of efficiency to make the useful load at least as great. 
The area per cone being 315 sq. cm., the aid loading should be 
15000/315 =48 bars per centimeter per second, which is only slightly in 
excess of the characteristic or plane wave impedance of air (at ordinary 
pressure and indoor temperatures), which we have taken as 41 bars per 
unit velocity. Hence the horn throat area should be about equal to the 
projected diaphragm area. 

Assuming for the time being, that the cone mass reactance may be 
neglected, since the resistance factor or useful loading predominates 
throughout most of the range which is to be covered, the cone impedance 
is 41315 =13000 mechanical ohms or dynes per cm. per sec. velocity. 
The force applied with 7 amperes in the coil will be Bli/10 =10000 x 
1500/10 =15000007, whence the velocity would be v =15000007/13000 
=115i. The generated voltage would be Blv/10® = 10000 x 1300 x 1157/ 
108 =177. The motional impedance is therefore 17 ohms. Since the me- 
chanical load is of high power factor and is due to useful radiation, the 
17 ohms motional impedance is at high power factor and the useful 
output would be 17/? in which J is the r.m.s. alternating current. There 
would be wasted in the 12 ohm coil resistance 12/? watts, or the effi- 
ciency would be somewhat over 50 per cent. This high efficiency is largely 
the result of limiting the range to low frequencies. Still higher efficiencies 
could be attained by employing larger driving coils, connecting them to 
the diaphragms through suitable flexible elements, and by working with 
higher field densities. It seems hardly worth while, however, to attempt 
to increase the efficiency, since the amplifier would be a small fraction 
of the cost of the installation. 
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It will be noticed that the calculation of relative throat and dia- 
phragm areas, and of efficiency, did not involve any assumption as to 
length of horn, or how many cone units were employed. The only as- 
sumptions were that the throat area was equal to the diaphragm area, 
and the rate of expansion of the horn was less than the critical value for 
30 cycles. The projected area of one cone is 315 sq. cm. =.34 sq. ft. A 
length of approximately 15 feet would be required to expand from .34 to 
58 sq. ft. if the area doubles every two feet. Thus we have our choice 
of one cone and a 15 foot horn, two cones and a 13 foot horn, four cones 
and an 11 foot horn, etc. These arrangements would be equally efficient, 
but the smaller the number of cones the harder each must work. One 
cone would have to vibrate .21 cm. (or a total swing of .42 cm.) to 
radiate one watt at 30 cycles. Without special construction, hitting 
would occur at such amplitudes. Four cones would radiate the same 
power with half the amplitude, which is just about the maximum that 
can be counted on. The amount of sound which can be radiated is pro- 
portional to the number of cones employed. Thus with eight cones and a 
ten foot horn, about two watts could be radiated. An alternative to in- 
creasing the number of cones is to sacrifice efficiency by making the horn 
throat area less than the diaphragm area, thus raising the mechanical 
impedance so that the same cone amplitude will give greater sound out- 
put. The exact dimensions and shape of the space between the horn 
throat and the diaphragm is not critical, as long as the ratio of dia- 
phragm to throat area is not large and the dimensions are small fractions 
of the wave length. 

It would in most cases be found practically necessary to curve the 
horn axis. This would not be seriously objectionable, since throughout a 
large part of the frequency range, the horn section where the bends 
would occur would be less than a half wave length across. Some arrange- 
ments for fitting a horn structure into the end or corner of a room are 
shown in Fig. 3. In some of these the exponential rate of expansion is 
continued into the room, and in a short distance catches up with the ex- 
pansion of the space as limited by the room walls. 


Lonc Horn WITH SPECIAL DRIVING UNIT 


The general theory of designing a special unit and fitting it acoustic- 
ally to an exponential horn, is discussed by C. R. Hanna,” who brings 
out the gain in output capacity obtainable by restricting the range of 
frequency, and describes a loud speaker in which three units are em- 


22 Loc. Cit. p. 607. 
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ployed, each covering a fraction of the frequency scale. The formula 
given by Hanna for diaphragm thickness, however, need not be applied 
to diaphragms designed for low frequency only, much lighter structures 
being sufficiently rigid. Paper cones for example, 8” to 12” in diameter, 
and weighing 10 to 30 grams are adequate in both strength and rigidity 
for radiating several watts at frequencies below 200 cycles. In a specially 
designed unit, a heavier coil than that employed in the standard radio 
loud speaker, would be logical, but the principal item of difference 
would be the field structure, it being desirable to permit the coil to 





Fic. 3. Arrangements for connecting large exponential horn to room, A—where large opening at 
corner is obtainable. B—where small opening at corner is obtainable. C—at opening not near 
corner. 


execute large swings without getting outside the region of full flux den- 
sity. A satisfactory design would work out to somewhere near the follow- 
ing proportions. Thickness of end plate, 3”, core diameter 23” to 3” at 
end, and about 3” larger through field coil, moving coil }” long, say 100 
turns of .010” copper, diaphragm conical, 12” diam. with special highly 
flexible edge, horn throat area about half of projected diaphragm area. 
Such a unit, with suitable horn should be easily capable of radiating 10 
watts at 30 cycles. It would, however, for one or two experimental instal- 
lations be more expensive than enough standard units to accomplish the 
purpose. 
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SIREN TypE Loup SPEAKERS 


Loud speakers in which the voice currents are employed to actuate 
a valve which controls the flow of air, are a proven possibility. Since the 
electromagnetic forces are expended largely in accelerating the valve, 
this type of speaker gains in efficiency and output from restricting the 
range to low frequencies. Large amplitude of valve movement is of bene- 
fit, in that hissing effects become less of a problem. An idea of the re- 
quired air flow may be obtained from the displacement of the diaphragm 
speakers, calculated for one watt radiation. In the case of the baffle 
speaker it was estimated that a displacement (amplitude times area) of 
1690 c.c. was required at 30 cycles. With 100% modulation of the air 
flow, there would be required 100 liters or approximately 3} cubic feet 
of air per second. If the air is released into a horn of 315 sq. cm. throat 
area, such as was figured for use with one cone, an air flow of about four 
liters per second would be required to radiate one watt. With a good air 
supply, the siren type of sound generator should prove very satisfac- 
tory, but its advantages over the simple diaphragm type are not obvious 
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INFLUENCE OF ATMOSPHERIC CONDITIONS UPON 
THE AUDIBILITY OF FOG SIGNALS 


By B. R. HuBBArD 
Director of Laboratory, Submarine Signal Co. 


The universal custom of lighthouse authorities throughout the world 
is to supplement the lights, radio beacons, and submarine signals located 
at danger points along the coasts, by fog horns, whistles, sirens, and sim- 
ilar sound producing devices. When the lights are invisible, owing to 
thick weather or fog, these warning signals give notice to the mariner 
that his ship is within the vicinity of a danger point. 

In what follows the term “fog horn” will be used to include all forms 
of devices which have been used heretofore at lighthouses or on light- 
ships to create warning signals in air. 


AUDIBILITY OF Foc Horns 


Ever since sound signals in fog were first used, it became more and 
more evident, as time went on, that the audibility of fog signals through 
the air varies a great deal, and that these signals can be used only with 
great caution for guidance in navigation. 

It is probably unnecessary to say anything as to the uncertainty and 
unreliability of the ranges of even the most powerful fog horns that have 
been used up to the present time, as all mariners will testify to the varia- 
tion in the ranges at which fog signals can be heard. An abundance of 
concrete evidence of this variation in range can be found in the reports 
on fog signal experiments of Major Livermore, General Duane, Professor 
Henry, and Professor King. In these reports will be found data on a large 
number of observations made by competent observers on vessels mov- 
ing to and from fog signal stations. These observations were made at 
different times, at different places, and under different conditions. It 
must be definitely appreciated that the figures recorded during these 
tests were obtained by skilled observers devoting their entire attention 
to noting the ranges at which signals, that they knew were being emit- 
ted, could be heard. The results illustrate most effectively the inconsist- 
encies inherent in the ranges of fog signals. 

No figures or data of tests could be found upon which reliance could 
be placed as to the accuracy with which an observer can tell the loca- 
tion from which the signals from a fog horn are coming. It is probably 
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true that the direction can be determined within an arc of 50 or 60 de- 
grees. In any case, in the light of modern development of means for 
direction finding, the fog horn furnishes relatively imperfect aid to the 
mariner in a determination of the direction from which the fog signals 
are coming. 

Furthermore, the signals from a fog horn give little reliable informa- 
tion to the mariner of the distance of his vessel from the danger point 
upon which the fog signal is located. Some indication of the distance 
can be obtained by noting the loudness of the received signal but the 
unreliability of such a method for obtaining distance is well known. A 
fog signal, which under favorable conditions, is audible eight miles may 
be just audible under other conditions of atmosphere at a mile or less. 

Another most perplexing situation frequently arises. On some oc- 
casions the sound is entirely lost, to be picked up again at a greater dis- 
tance. Thus in moving directly away from a fog signal station, the sound 
is audible for a distance of a mile, is then lost for about the same dis- 
tance, after which it is again distinctly heard for a long time. These 
“silent zones” have been met often at sea and evidence of their existence 
can be found in the reports on fog signal experiments cited above. These 
“silent zones” constitute a source of danger if, by any chance, a mariner 
is so unwise as to estimate his distance from the danger point by the 
loudness of the signal. The “silent zone” is especially undesirable since 
the fact that a particular fog signal is inaudible may give confidence of 
safety in the midst of danger and thus prevent the necessary caution 
which would otherwise be employed. 

These “silent zones” or “ghosts” as they are called by Major Liver- 
more, are not always present, but occur under special conditions of 
atmosphere both at the surface of the sea and in the upper regions. 

Under different atmospheric conditions, the loudness of the sound 
increases and decreases at more or less regular intervals as the fog signal 
is approached, producing a series of places where the sound is loud fol- 
lowed by a series of places where the sound is weak. 

Acoustic surveys of the fog horn at Father Point, Quebec were made 
by Professor King in 1913 and 1917. In general, the results of these 
surveys showed that the loudness of the sound fell in a very erratic 
manner. It has been assumed frequently that the loudness of the sound 
decreases according to the inverse-square law, that is, at double the 
distance the loudness is reduced to one-fourth. In the surveys of Profes- 
sor King it was found that this law which should hold in an ideal atmos- 
phere, perfectly stagnant and free from eddies and inequalities of 
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temperature, was not even approximately true under conditions at sea, 
even on the calmest days. 

In the light of this evidence, it is clearly futile and sometimes even 
dangerous for a mariner to attempt to estimate the position of his ship 
with respect to a fog horn by noting the loudness or direction of the re- 
ceived signal. 

Aerial echoes is another observed aberration in the audibility of a fog 
signal which might be mentioned. This abnormal phenomenon consists 
in a distinct echo from the verge of the horizon, especially in the direc- 
tion of the prolongation of the axis of the horn. In the early fog signal 
experiments, especial importance was attached to this phenomenon be- 
cause the study of it was considered to offer the easiest access to the 
solution of the question as to the cause of all the abnormal phenomena 
of sound, and also because it is, in itself, an object of much scientific 
interest. 

The importance of understanding the acoustic conditions which pro- 
duce these variations in the distance at which fog signals can be heard 
has been recognized for many years. The various governments concerned 
have instituted extensive inquiries into the factors affecting the audibil- 
ity of fog signals. Our own government has been and still is active in 
experimental studies of this kind. In addition, a number of distinguished 
physicists have conducted original investigations in an effort to find 
explanations for the observed phenomena. These inquiries into the con- 
ditions affecting the propagation of fog signals at a distance embrace 
not only most extensive and laborious observations, but also theoretical 
investigations together with varied and elaborate experimental in- 
quiries. These important and prolonged researches represent more than 
half a century of careful inquiry by thoroughly competent inves- 
tigators. They are, therefore, a most valuable source of information and 
a careful study of these researches is most profitable. In many cases, 
however, the conclusions reached by these pioneer investigators do not 
agree. 

In the past decade the art of acoustics, both experimental and 
theoretical, has made rapid strides. Furthermore, modern meteorology 
is able to supply much more accurate information in regard to atmos- 
pheric conditions. Authorities now agree upon the laws of the atmos- 
pheric refraction and reflection of sound. As a consequence, there are 
few of the observed phenomena of fog signalling that cannot be ex- 
plained upon principles that are now generally recognized. It is not, 
however, practical, at the present time, to attempt to apply these laws 
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to decide when the sound from any particular fog signal can be heard 
at a given point; nor is it always practical to state precisely how much of 
the apparent irregularity in the audibility of a fog signal is actually due 
to one cause and how much to another. . 

Such determinations would require almost innumerable observations 
of the meteorological conditions and all other attendant circumstances 
in all of the surrounding region. The observations have, however, in 
most cases, shown that the sound acted as would be expected from the 
known data. 


Factors AFFECTING THE AUDIBILITY OF FoG HorRNS 


Influence of Permanent Obstacles 


Intervening obstacles between the fog horn and the ear, in general, 
tend to diminish the intensity of the sound. They do not necessarily de- 
stroy it altogether, even if they cut off completely the view of the fog 
signal and its surrounding. On the other hand, they weaken it more or 
less when near the line. 

Irregular surfaces near the signal cause reflection and interference of 
sound which tend to diminish it materially. 

Regular surfaces that reflect the sound may tend to increase it or to 
transmit it as an echo to an area from which the direct sound is cut off. 
However, owing to the long wave length of sound ordinarily used, re- 
flection phenomena is not very marked, most objects in the neighbor- 
hood of a fog signal that are large enough to cause a definite reflection 
are of irregular shape and the echoes from them are comparatively feeble 
and rarely tend to interfere with or reinforce the direct sound very much. 

Buildings and natural objects in the neighborhood of a fog horn not 
only affect the propagation of sound by the interposition of their own 
surface, but also by the effect they produce upon the surrounding air, 
causing currents of different direction, velocity, and temperature. 


Influence of Atmospheric Conditions 


The causes of practically all of the irregularities mentioned are to be 
found in the fact that the sound from a fog signal is propagated in a 
straight line only when the air is quite even and homogeneous as regards 
temperature, humidity, and wind. Due to changes in temperature and 
wind velocity, the velocity of sound is not the same in all parts of the 
atmosphere. These variations in the velocity of sound deflect the rays 
of sound from the straight line path and exert a great influence on the 
range of transmission of sound signals. 
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It has been stated repeatedly and confirmed by sufficient observa- 
tions, that fog, rain and snow do not, of themselves, obstruct the passage 
of sound. They may, however, tend to increase or decrease its intensity 
according as they affect the temperature or velocity of the air. 

It is well known that the refraction of sound in successive layers of 
the conducting medium takes place in accordance with the optical laws 
of refraction. The familiar optical construction giving the direction of 
the refracted ray shows that when the wave enters a layer in which the 
velcity is reduced, the trajectory of the sound wave curves toward the 
layers in which the velocity is a minimum. 


Temperature 


The velocity of sound in air increases with temperature. During the 
day the temperature of the air usually diminishes with altitude and con- 
sequently the velocity of sound also diminishes with altitude. Conse- 
quently, the sound waves will bend in the direction of the cooler air. 
That is, as shown in Fig. 1, they will bend upwards along arcs instead of 
going in a straight line from the source. 

The results of an investigation made in 1919 by H. Lichte on the in- 
fluence of horizontal temperature stratification of sea water upon the 
range of underwater sound signals can be utilized to calculate the 
trajectories, in air, of the sound rays from a fog horn. A simple and quite 
frequent condition is that shown in Fig. 1 where the temperature is 
assumed to decrease uniformly as the altitude increases. (In this and the 
following figures, the vertical scale has been exaggerated and no attempt 
has been made to construct the scales with mathematical accuracy.) 

Referring to Fig. 1, a sound ray starting horizontally, after travelling 
a certain distance, will gradually curve upwards and a sound ray start- 
ing in a certain slanting downward direction will bend so as to meet the 
surface of the sea, run horizontally, touching it for a short distance and 
then rise again along an arc. 

If the source and the listener are both near the surface of the sea and 
separated by a considerable distance, the listener, under the most 
favorable conditions can hear the sound only as a result of this bending 
of the sound waves. In the area beyond the limiting ray, which, starting 
in a certain slanting downward direction, becomes tangent to the surface 
of the sea, and eventually rises along an arc, the fog signal becomes prac- 
tically inaudible. The sound rays rising higher can never enter the silent 
zone as they too must bend upwards; the sound rays slanting more 
sharply meet the surface of the water and are reflected upward again. 
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The range of audibility at sea level is less than higher up; con- 
sequently a look-out up on the masthead of a ship will hear the fog 
signal earlier than the navigator on the bridge. The practice of placing 
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sources of sound such as whistles, bells, and fog horns as high as pos. 
sible, therefore, can be justified on theoretical grounds. 

Due to other irregularities in the atmosphere, the silent zone will not 
be completely silent, it is true, but the sound is considerably weakened 
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in this zone. Increasing the strength of the sound source will not make 
the sound audible in the silent zone. The sound rays still must follow the 
same paths as before which depend solely upon the temperature gradi- 
ent of the atmosphere and, therefore, they are still unable to penetrate 
the silent zone. 

The effect of placing the sound source higher up is shown in Fig. 2. 
The range of audibility is increased, doubling the height of the source 
does not, however, double the range of audibility. 

The effect of a greater temperature gradient with altitude is shown in 
Fig. 3. The range of audibility is decreased. 

At the moment of sunset, it frequently happens that a state of equil- 
ibrium is established in the air temperature which increases the range 
of audibility over that which obtains during the day. 

But what happens if the air temperature in the vicinity of the fog 
horn increases with altitude: that is, there is a warmer layer of air on 
top of a colder one? The sound rays bend downwards toward the sur- 
face of the sea as shown in Fig. 4 and no sound shadow is produced. 
Fortunately this condition occurs fairly frequently during fog; indeed, 
it is one of the chief causes of fog. No doubt it is mainly due to this cir- 
cumstance that fog signalling through the air is not even more inefficient 
than is actually the case. 

The colder layers of air may be below the warmer layers on clear star- 
light nights also, a fact which would account for the appreciable increase 
in the range of audibility of whistles and church bells under this condi- 
tion. 


Wind 


In air, even where the temperature is constant, the sound wave may 
be deflected by the wind. The refraction of sound waves by wind has 
been described by many writers, notably by Lord Rayleigh, Lamb, 
Barton, Professor Henry, Major Livermore, Professor Stokes and Pro- 
fessor Reynolds. 

The effect of a wind blowing with different velocities at different 
elevations seems to have been pointed out first by Prof. G. G. Stokes in 
1857 (British Association Report for 1857, Trans. Sects., p. 22). His 
explanation rests upon the hypothesis that during the passage of a wind 
between the observer and the fog signal, the velocity of the wind will be 
retarded more at the surface of the earth on account of friction and 
other obstacles and that the velocity of the stratum immediately above 
will be retarded by that below, and so on, the obstruction being lessened 
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as we ascend through the strata. This hypothesis is in entire agreement 
with meteorological observations. On this assumption, the mass move- 
ment of the air is not uniform and consequently the sound wave propa- 
gated in the same direction as the wind, is travelling in a medium in 
which the velocity of sound increases with altitude. Similarly, the sound 
wave propagated against the wind, is travelling in a medium in which the 
velocity of sound decreases with altitude. Consequently, the sound 
wave which is propagated in the direction of the wind curves downward, 
while the sound wave propagated in the opposite direction curves up- 
ward. 

Bearing this correspondence in mind, the effects of the height of the 
fog signal above the sea level and the effect of different wind velocity 
gradients upon the range of audibility can be predicted, and are shown 
in Figs. 5, 6, and 7. It should be noted that when the refraction is due 
only to an atmospheric temperature gradient, the range of audibility 
is the same in all horizontal directions, that is, the sound distribution in 
the horizontal plane is uniform and symmetrical about the sound source. 
When, however, the refraction is due to a wind velocity gradient, the 
range of audibility is not the same in all horizontal directions and the 
sound distribution in the horizontal plane is not symmetrical about the 
source of sound. 

Humidity 

Nothing has been said so far in regard to the refraction of the sound 
waves by variations in the relative humidity of the air. Water vapor is 
always present in the air near the surface of the earth, while at a suffi- 
cient elevation, it entirely disappears. In general, the effect of water 
vapor upon the velocity of sound is comparatively slight and the refrac- 
tion caused by it is very small compared with that which may be pro- 
duced by either a wind velocity gradient or a temperature gradient. 

The velocity of sound increases with the amount of moisture in the 
air. The manner in which a sound wave is deflected by a change in the 
relative humidity of the air can be deduced from the preceding discus- 
sion for the refraction of sound waves by wind velocity gradient and 
temperature gradient. 


Relative Magnitudes of the Deflections 
In the preceding paragtaphs it has been pointed out that a sound 
wave starting horizontally is deflected upward by any one of three 


causes—a wind whose velocity increases with elevation blowing against 
the sound wave, a fall in temperature with elevation, or a fall in relative 





ULY, 


nent 
Ove- 
‘opa- 
m in 
ound 
1 the 
ound 
vard, 
$ up- 


f the 
ocity 
10Wn 
s due 
ility 
on in 
urce. 
., the 
d the 
t the 


ound 
Dor is 
suffi- 
water 
»frac- 
: pro- 


n the 
n the 
iscus- 
t and 


sound 
three 
yainst 
lative 


1931] B. R. HUBBARD 119 


humidity with elevation. The magnitudes, however, of the deflections 
resulting from these causes are by no means the same. In a practical 
case, to ascertain whether an observed aberration in the audibility of a 
fog signal could be caused by refraction of the sound waves, it is not es- 
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sential to know whether a horizontal sound ray would be deflected up- 
ward or downward a foot or two at a distance of several miles it is, 
however, very important to know whether the total deflection here 
would be a foot or a mile. 

To give an idea as to how much the sound rays are deflected by each 
of these three causes—wind, temperature and humidity—the following 
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tables have been computed. The velocity of sound in air is assumed to 
be 1120 feet per second, the distances are in nautical miles (6080 feet), 
and the elevations are in feet. The sound ?— are assumed to start in a 
horizontal direction. 

Table 1 shows the amount that a sound wave is deflected by the 
wind for winds increasing in velocity from 1 to 4 feet per second per 100 
feet of elevation. 


TABLE 1 


REFRACTION OF SOUND BY THE WIND 








Wind Velocity Deflection of Horizontal Ray at 
Increasing 
with Altitude 1 Mile 2 Miles 3 Miles 4 Miles 6 Miles 








1:100 157 Ft. 660 Ft. 1460 Ft. 2640 Ft. 6000 Ft. 
2:100 330 “ 1320 “ 3050 “ 5400 “ 

3:100 485 “ 2000 “ 4580 “ 

4:100 658 “ 2700 “ 


Thus with a wind whose velocity increases 1 foot per second for every 
100 feet of elevation, the horizontal ray will rise 2640 feet or nearly one- 
half a nautical mile in going a distance of 4 nautical miles. The velocity 
of the wind at this elevation will be greater than that at the surface by 
26.4 feet per second or about 18 miles per hour—a condition which does 
not seem unreasonable. 

Table 2 shows the amount that a sound wave is deflected by a temper- 
ature reduction of 1° F. per 100 feet of elevation and 1° F. per 200 feet 
of elevation. 


TABLE 2 


REFRACTION OF SOUND BY TEMPERATURE 











Deflection at 





Temperature 
Reduction 1 Mile 2 Miles 3 Miles | 4 Miles 








1°: 100 Ft. 177 Ft. 708 Ft. 1598 Ft. 2852 Ft. 


1°: 200 Ft. 88 Ft. 354 Ft. 796 Ft. | 1416 Ft. 








A moderate temperature gradient may, therefore, deflect a sound 
ray considerably from its normal horizontal path. 

At ordinary temperatures, the deflection of a sound ray, due to a 
change in the relative humidity of the atmosphere, is comparatively 
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small—a result which might be expected from the fact that a change 
from complete saturation to complete dryness is equivalent to the 
following increase in wind velocity. 
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At 32 Degrees F., 1.3 Feet per second 
47 2.3 
62 4.0 
77 6.6 
92 “10.7 


If we assume a relative humidity of 60 per cent at 62 degrees F. and 
that complete dryness is reached at 3200 feet elevation, the resulting de- 
flections will be: 
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12 Feet at 1 Nautical mile 
48 2 miles 
107 3 _ 
191 4 a 
298 5 " 


It is evident from these figures that the effect of vapor upon the trans- 
mission of sound is comparatively slight and that the refraction caused 
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by water vapor is comparatively small compared with that which may 
be produced by either wind or temperature. For this reason variations 
in the relative humidity usually can be neglected when considering an 
observed aberration. 

So far as wind and temperature variations are concerned, the following 
rule can be applied: A difference of a degree of temperature refracts the 
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sound wave as much as a difference in wind velocity of 1 foot per second. 
This rule is convenient but only approximate. 

Figs. 8 and 9 which are taken from “Weather Forecasting in the 
United States,” a publication by the Weather Bureau, U. S. Depart- 
ment of Agriculture, are especially interesting in that they show the 
annual, summer, and winter wind velocity variations with altitude and 
the winter and summer vertical temperature gradients in degrees centi- 
grade. The data on wind velocities was taken near Rome while the 
temperature gradients were plotted from data taken at Munich, Strass- 
burg, Trappes and Uccle. 

The wind velocity curves are especially interesting in that there ap- 
pear to be four distinct regions. The first region is one of rapid linear 
increase of velocity with increase of altitude, extending from the surface 
to 300 or 400 meters above and probably is the region in which the winds 
are affected by surface friction. The second region is one of velocity de- 
crease with altitude. This region appears to be about 200 meters thick 
and comes immediately above the first region. According to the pub- 
lication from which the curves were taken, this decrease of velocity is 
probably due to the mixing of two wind layers, an upper layer and a 
lower layer moving in different directions, and is, therefore, a local and 
temporary rather than a universal phenomenon. The third region is one 
of irregular winds slowly increasing in velocity with increase of altitude. 
The fourth region is one of approximately constant increase of velocity 
with increase of altitude, beginning at about 1500 meters above the sur- 
face and extending to at least the maximum height observed. 

Aberrations in the audibility of a fog signal may be due to any or all 
of these causes—wind, temperature and humidity. The atmosphere is 
seldom homogeneous as regards either temperature, humidity, or wind 
and as a consequence, the sound waves may be refracted by all three 
causes acting in concert. There is also a particular meteorological condi- 
tion of the atmosphere mentioned in connection with Fig. 8 which has a 
direct bearing on some of the abnormal phenomena mentioned earlier 
in this paper. It is this: That while a strong wind is blowing in one direc- 
tion at the earth’s surface, a wind of equal intensity is blowing in an op- 
posite direction at an elevation of a mile or two. This condition often 
occurs during a northeast storm on the north Atlantic Coast and is 
shown by the rapid eastwardly motion of the upper clouds as occasion- 
ally seen through breaks in the lower clouds. 

In the light of the non-uniformity of the atmosphere just mentioned, 
it appears to be futile to attempt to select any one of the three causes— 
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wind, temperature and humidity—as the most common cause of the 
limited audibility of fog signals in certain directions. On the other hand, 
one fact stands out so clearly in the work of all of the investigators that 
it can hardly escape notice; the variation in the distinctness of the sound 
of a distant fog signal as depending upon the direction of the wind is so 
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marked that one is warranted in considering it the principal cause of 
the inefficiency in certain cases. 

One is led to believe, therefore, that in a majority of cases, the most 
efficient cause of loss of audibility is the direct effect produced by the 
wind. A sound is heard farther when moving with the wind than when 
moving against it. This effect is illustrated most clearly in Fig. 10 which 
shows the range of audibility of the fog signal on Boston Lightship as 
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found during a recent test. This effect is due to the fact that sound mov- 
ing with the wind is refracted or deflected down toward the earth, while 
sound moving against the wind is refracted upward and passes over the 
head of the observers, so as to be heard at a distance at an elevation of 
several hundred feet when inaudible at the surface of the earth. 

By the application of the principles outlined above in connection with 
observations of the meteorological conditions and all other attendant 
circumstances, such as peculiarities in the topography of the region and 
the position of the fog signal itself, not only may most of the phenomena 
mentioned at the beginning be accounted for, but also many other ab- 
normal effects may be explained. 








THE EFFECT OF HUMIDITY UPON THE ABSORPTION OF 
SOUND IN A ROOM, AND A DETERMINATION OF THE 
COEFFICIENTS OF ABSORPTION OF SOUND IN AIR 


By VERN O. KNUDSEN 
University of California at Los Angeles 


1. Introductory. In making reverberation measurements in a room, 
one soon observes that the condition of the air in the room, especially 
with respect to humidity, affects the reverberation time for frequencies 
above 1000 d.v. P. E. Sabine! noted that for frequencies above about 
2000 d.v. the rate of absorption of sound in his reverberation room in- 
creased markedly when the relative humidity in the room was low. E. 
Meyer’? obtained a somewhat similar effect for frequencies of 3200 and 
6400 d.v., but observed no perceptible change of reverberation time with 
humidity at frequencies below 1600 d.v. Meyer’s results are shown in 
Fig. 1. These curves give the measured times of reverberation in his re- 
verberation room for different values of relative humidity between 
about 47 percent and 100 percent, and at a temperature of about 17°C. 

About a year ago the writer undertook an investigation of the effect 
of humidity and temperature upon the rate of absorption of sound in a 
room. The results obtained to date, on the effect of humidity, have con- 
firmed the general findings of Sabine and Meyer, and, in addition, have 
led to some results which not only are important in connection with 
problems in architectural acoustics and sound signaling but also are of 
theoretical interest in connection with the nature of the absorption of 
sound vibrations in gases. 

2. Theoretical Considerations. It is a general characteristic of a wave 
motion propagated through a ponderable medium that part of the 
energy of the wave motion will be converted into other forms of energy. 
Thus, the intensity of a plane wave after traveling a distance x in a 
homogeneous medium is, provided the displacements be not too large, 
I, e~™*, where J, is the intensity of the wave at the position x =0, and m 
is the attentuation or absorption coefficient for the plane wave in the 
medium. The attentuation constant m depends upon viscosity, heat 
conduction, heat radiation,’ and possibly a number of other factors, such 

1 “The Measurement of Sound-Absorption Coefficients,” Jour. Frank. Inst., March, 1929. 
2 “Fin neues automatisches Verfahren der Nachhallmessung,” Zeits. f. Technische Physik, 


7, 253, 1930. 
3 Rayleigh, “Theory of Sound ” II, pp. 312-323. 
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as wave distortion and molecular absorption.‘ This aspect of sound-ab- 
sorption will be considered in a later paper. 


Sek. Tsao 
§ 


64¥00 Hz 





“50 60 70 80 90 100% 
Relat. Feuchtighet 
(Temp.ca 77°C) 
Fic. 1. Curves obtained by Meyer showing the relation between the relative humidity and the time 
of reverberation in Meyer’s reverberation chamber. 


In the existing theories of reverberation, it has been assumed that 
the absorption in the air of audible vibrations is so small as to be neglig- 
ible, and therefore that the absorption of sound in a room is wholly at- 
tributable to the surface absorption by the boundaries of the room. It 


‘ Herzfeld and Rice, Phys. Rev., 31, 691, April, 1928. Bourgin, Phil. Mag., 7, 821, 1929; 
Phys. Rev., 34, 521, August 1, 1929. Rocard, Jour. de Physique, 1, No. 12, December, 1930. 
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will be seen presently that this assumption is justified for frequencies be- 
low 512 d.v., but that the absorption in the air may become a signifi- 
cant factor for higher frequencies. 

The equation for the rate of decay of sound in a room, assuming that 
all of the absorption takes place at the boundaries, is, using the recent 
formula proposed by Eyring,° 

S log 4 (L— a) ct 


= Toe 4V (1) 


where S is the interior surface of the room, a is the average coefficient 
of absorption of the surface S, c is the velocity of sound, ¢ the time, and 
V the volume of the room. 

If the effect of absorption in the air be introduced in this equation, 
it becomes 


Slog (l-—a)ct 
e€ 





IT=1) (« 4V ) :—™., (2) 





And since x =ct, 


Ss log . (2a) 


~ 
ll 
~y 
o 
o 
= 


_ m | ct. (3) 


If we solve this equation for ¢, when J,/ZJ =10°, we obtain the rever- 
beration formula. In British units, for a rectangular room, and for a 
temperature of 21° C, (3) becomes 


.049V 
t= ——____—_____. (4) 


— Slog. (1 — a) + 4mV 
It will be noted that the second term in the denominator, 4mV, repre- 
sents the effective absorption in the room contributed by losses in the 
air. When m is negligibly small, (4) reduces to the well known reverbera- 
tion equation which does not take account of the absorption in the air. 
The usual reverberation measurements in a room do not distinguish 
between the absorption which takes place at the boundaries of the room 
and that which takes place in the air. However, if reverberation meas- 
urements be made in two rooms which have the same boundary ma- 
terial, but different mean free paths, it is possible to determine both the 
absorption coefficient m in the air, and the absorptivity a of the boun- 


5 “Reverberation Time in Dead Rooms,” Jour. Acous. Soc. of Amer., 1, 2, 217-241, Janu- 
ary 1930. 
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dary material. Thus, suppose two such rooms have volumes V; and Vo, 
and interior surfaces S; and S:. Then, if 4; and f, be the reverberation 


times for a particular frequency in the two rooms, under the same con- 
ditions of temperature and humidity, 





.049V; P 

ae S, log. (1 — a) + 4mV (9) 
.049V 2, 

to = (6) 


~ S2 log. (1 — a) + AmV » 


Solving for m and log , (1—a), there results 


SV 1 
.0122| ——— — —) 
SiV ot; te 


3) (7) 


SV ) 
(= a 
SiVe 


log (1. — a) 3% 3, (8) 
= = 

3. Experimental Findings. Experimental studies on the absorption 

of sound in the air have been conducted in the reverberation chamber 
and in the two test chambers in the Acoustical Laboratory at the Uni- 
versity of California at Los Angeles.® Each room is enclosed by two sepa- 
rate walls of 12” thick reenforced concrete, and the floors of these rooms 
rest upon a 6” fill of sand and a 2” slab of cork. The rooms are therefore 
well insulated against external vibration, sound, and heat. Owing to the 
small temperature changes throughout the seasons of the year, the tem- 
perature in the room is never lower than 20° C and never higher than 
22° C, and usually differs by only two or three tenths of a degree from 
21° C. The rooms therefore are well suited for constant temperature 
measurements. The relative humidity, on the other hand, follows closely 
the changes in the outside humidity, and it is not uncommon to have 
relative humidity changes from 14 percent to 70 percent within a period 
of forty-eight hours. Opportunity is thus afforded to investigate the 
effects of relative humidity upon sound-absorption throughout a wide 


® Plan and sectional drawings of these rooms can be found in the author’s article on “The 


Measurement and Calculation of Sound-Insulation,” Jour. Acous. Soc. of Amer., 2, 129-140, 
July, 1930. 
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range of humidities, without resorting to artificial means of controlling 
the humidity. Humidities above 70 percent, up to saturation, were read- 
ily obtained by evaporating water in the room. 

The reverberation times were measured (1) by obtaining oscillo- 
grams of the decay of sound in the rooms, (2) by measuring the times 





Fic. 2. Oscillograms of the decay of a warble tone 4096 + 100 d.v., for different conditions of humi- 
dity in the reverberation room at the University of California at Los Angeles. The upper record 
is a time curve 50 cycles per second; the next record shows the decay in the room at a relative 
humidity of 74 per cent; the next record shows the decay at a relative humidity of 56 per cent; 
and the lower record shows the decay at a relative humidity of 26 per cent. 


for specified amounts of decay of sound in the rooms by means of a 
microphone pick-up, a five stage amplifier, and a relay controlled 
chronograph, and (3) by making reverberation measurements with the 
ear and a recording chronograph. In the oscillograph and relay methods, 
“warble” tones were used having a band width of 200 cycles and a fre- 
quency of warble of five to seven cycles per second. Thus, at 2048 d.v., 
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the warble tone consisted of 2048 + 100 d.v. The reverberation measure- 
ments made with the ear and chronograph were all made with single- 
frequency pure tones. Because of the speed and reliability of measure- 
ments made with the relay-controlled meter, this method was used for 
obtaining most of the data, but check measurements were made by both 
the oscillograph method and the reverberation method at representative 
frequencies and conditions of humidity. The times of reverberation de- 
termined by the relay method and the oscillograph method, under the 
same conditions of temperature and humidity , and on the same day, did 
not differ by more than 5 percent; and the times of reverberation de- 





) 10 2.0 30 4.0 50 
TIME- SECS. 


Fic. 3. Logarithmic decay curves obtained from a series of fifteen oscillograms similar to those 
g J J Jv § 
shown in Fig. 2. 


termined by the relay and reverberation methods did not differ by more 
than 3 percent. Each time of reverberation, as determined by the relay 
method, was based upon 100 separate measurements of the times re- 
quired for decays of 20, 30, 40, or 50 db. The observed times for decays 
of 20, 30, 40, and 50 db were very closely in the ratio of 2:3:4:5, indicat- 
ing that the decay of sound in the room was logarithmic, and that meas- 
urements made for a drop of 20 or 30 db can be extrapolated to give the 
time required for a drop of 60 db. The average departure from the mean 
time of reverberation, as determined by this method, was 1.4 percent at 
2048 d.v. and 1.7 percent at 4096 d.v. Each determination of the time of 
reverberation with the oscillograph method is based upon measurements 
of five ocsillograms taken under identical conditions. The over-all char- 
acteristics of the oscillograph and its associated amplifier were deter- 
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mined, so that the amplitudes shown on the oscillograms could be con- 
verted to pressure variations in the decadent sound. The amplitudes on 
the oscillograms are measured, corrected for distortion, and then the 
rate of decay in decibels is plotted against the time. The reverberation 
time is then given by extrapolating the decay curve for a drop of 60 db. 

Typical oscillograms for 4096+100 d.v., obtained in the large re- 
verberation room at relative humidities of 26 per cent, 56 per cent, and 
74 per cent (at a temperature of 21.4° C), are shown in Fig. 2. It can be 
seen from these three oscillograms that the rate of decay of sound in the 
room decreased as the relative humidity increased. The data given in 
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Fic. 4. Curves showing the dependence of t he time of reverberation upon relative humidity in a large 
room 19'X 20’ X 16’. Measurements made when wall temperature was lower than the temperature 
of the air in the room. 


Fig. 3 were obtained from measurements on fifteen such oscillograms— 
five oscillograms for each condition of humidity. The times of reverber- 
ation are given by the intercepts on the time axis, namely 2.85 seconds 
at 26 per cent relative humidity, 3.75 seconds at 56 per cent, and 4.25 
seconds at 74 per cent. 

In Fig. 4 are shown the results of reverberation measurements in the 
large room (19’ x 20’ x 16’) for different conditions of air humidity. The 
data for 2048 d.v., 3000 d.v. and 4096 d.v. were obtained with the relay- 
controlled meter; and the few data for 6000 d.v. were obtained with the 
oscillograph. The time of reverberation is plotted as a function of the 
percentage relative humidity. Since the temperature was maintained 
at 21.4°+0.6° C, the absolute humidity can be readily computed from 
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con- the relative humidity. It will be noted that the time of reverberation in- 
Son creases almost uniformly with an increase in relative humidity, up to“ 
the 60 per cent relative humidity. For higher values of relative humidity, up 

tion to about 80 per cent, the reverberation time increases more slowly, and 
) db. above about 80 percent the reverberation time decreases. In the series 
e re- of tests shown in Fig. 4, the temperature of the walls surrounding the 
,and room was always slightly lower than the temperature of the air in the 
in be room, and varied from 20.8° to 21.6° C. Consequently, there always 
1 the would be some condensation on the walls before the air became com- 
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pe Fic. 5. Curves showing the dependence of reverberation time upon relative humidity. These measure- 


ments were obtained when the temperature of the wall was higher than the temperature of the air 
in the room, 


weal pletely saturated. It was repeatedly observed that condensation on the 
nina walls began at a humidity of about 70 to 80 per cent, and the detection 
ponds of condensation on the walls was always coincident with the change in 
eae slope of the reverberation-humidity curve. It appears therefore that the 
alas bending down of the curves for humidities above about 80 per cent is 
“The | attributable to a surface effect, that is, to the condensation of moisture 
rte | on the walls. This is suggested by some humidity measurements which 
hs the were taken in the summer of 1930, at a time when the temperature of 
f i the walls was probably higher than the temperature in the air.’ Under 
ained 7 No measurements of the wall temperature were taken at that time, but the assumption 
treme seems reasonable since the air supplied to the building in the summer time is somewhat cooler 


| than the average outside temperature. This point will be investigated in the summer of 1931. 
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these conditions there was no condensation on the walls, and the time 
of reverberation increased almost uniformly as the relative humidity 
was increased to about 100 per cent. This is shown in Fig. 5, which gives 
the results of measurements for 2048 and 4096 d.v. If there had been no 
condensation on the walls during the winter of 1930-31, it is probable 
that the curves shown in Fig. 4 would have been approximately straight 
lines similar to those shown in Fig. 5. 

When the relative humidity was maintained at 100 per cent, and fog 
appeared in the room, the reverberation times became markedly lower 
for all frequencies. This is shown in the following table: 














Time of Reverberation with 
Air Saturated and Fog in 
Room 


Time of Reverberation at 


Frequenc 
- 7 80% Relative Humidity 


128 d.v. 16.15 seconds 10.35 seconds 
256 d.v. es, | iis a 
512 d.v. 12.65 622." 
1024 d.v. 10.80 62 * 
2048 d.v. 7.00 —— 
4o 9b 496 d.v. 4.42 255 * 


It is probable that most of this effect of increased absorption at satura- 
tion is attributable to condensation on the walls, although there is a pos- 
sibility that the fog itself absorbs some sound. 


TIECS 
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TIME OF REVERBERA TION 


50 40 Si 60 
PERCENTAGE RELATIVE HUMIDITY (21° v0 22°C) 


Fic. 6. Curves showing the dependence of reverberation time upon the 
relative humidity in a room 8'X8'X9'-6". 


The curves shown in Fig. 6 give the reverberation time as a function 
of the relative humidity in a small test room, 8’ X8’ X9’—6”. The walls, 
floor and ceiling of this room (all reenforced concrete) were painted and 
varnished with the same kind of paint and varnish which had been used 
for the interior surfaces of the large reverberation room. The data given 
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in Figs. 4 and 6 therefore are for two rooms which have the same boun- 
dary material, namely painted and varnished concrete, but different 
mean free paths. The reverberation data for these two rooms, as given in 
Figs. 4 and 6, consequently satisfy the requirements for Eqs. (5) and (6), 
and hence, by substituting the appropriate values of Vi, V2, Si, Sz, 4: and 
t, in Eqs. (7) and (8), it is possible to solve for m, the absorption coeffi- 
cient in the air, and a, the absorptivity of the concrete, for different fre- 
quencies and humidities. The two-room experiment therefore furnishes 
a critical experiment for determining whether the effect of humidity 
upon the absorption of sound in a room is attributable to a change in 
the surface of the boundaries, to a change in the attentuation constant 
in the air, or to both. 


























PERCENTAGE RELATIVE HUMIDITY (2/° re 22°C) 


7. Curves giving the value of m for different conditions of humidity, for tones of 2048 to 
6000 d.v.— temperature of air 21° to 22°C, 


A slight correction has been applied to the reverberation times in the 
small room, owing to the presence of a wood door (painted and varn- 
ished as the rest of the concrete), which would be slightly more absorp- 
tive than the painted concrete. It has been assumed that this door would 
add an extra .5 square foot unit of absorption to the small room.* The 
measured times of reverberation in the small room would therefore be 
about 4 per cent to 6 per cent shorter than they would be if the boundary 
materials were identical in the two rooms. The times indicated by the 
curves in Fig. 6 are 4 per cent to 6 per cent above the measured times, in 

8 There is some uncertainty in applying this correction but it is highly probable that the 
correction is of the right order of magnitude. Thus the coefficient of absorption of painted and 
varnished concrete is of the order of .017 at frequencies of 2000 to 4000 d.v., and the coefficient 


of painted and varnished wood is of the order of .037 at these frequencies. Since the area of the 


wood door was 25 sq. ft., the excess absorption supplied by the door would be 25(.037 — .017) 
=.50 unit. 
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order to make the times more nearly what they would have been if the 
entire interior surface of the small room had been the same as that in the 
large room. 

From the data given in Figs. 4 and 6 and from the dimensions of the 
two rooms, the values of m and a@ have been calculated for different fre- 
quencies and different conditions of humidity. The volumes and interior 
surfaces of the two rooms are as follows (subscript 1 refers to the large 
room and subscript 2 refers to the small room) : V; = 6080 cu. ft., V2=608 
cu. ft. S$; =2010 sq. ft., and S,=432 sq. ft. The values of m for different 
amounts of water vapor in the air, and for frequencies of 2048, 3000, 
4096 and 6000 d.v., as calculated by Eq. (7), are given in the curves in 
Fig. 7. It will be noted that at any one frequency m decreases as the rela- 
tive humidity increases, and that at any one condition of humidity m in- 
creases approximately with, but not quite so rapidly as, the square of 
the frequency. But since the value of m depends upon the difference of 
the reciprocals of the times of reverberation in the two rooms, and since 
there is a possible error of approximately 2 per cent to 3 per cent in the 
measured times of reverberation (including the uncertainty of the ex- 
cess absorption in the small room owing to the wood door), there are 
probable errors in the values of m as large as 8 per cent to 10 per cent at 
4096 d.v., and as large as 20 per cent to 30 per cent at 2048 d.v. 

In the following table are given the values of a obtained by sub- 








Coefficients of Sound-Absorption a 
Relative Humidity 








2048 d.v. 3000 d.v. 4096 d.v. 
20% 018 .020 .020 
30% 018 019 019 
40% 017 018 018 
50% 017 017 017 
60% 016 017 016 
70% 016 017 016 
80% 017 016 019 


stituting the appropriate values of Vi, V2, Si, Sz, tf: and ft, in Eq. (8). 
It will be noted from these values of a that the coefficient of absorption 
of painted and varnished concrete, at these frequencies, does not depend 
appreciably upon the frequency, and, within the limits of accuracy of 
the measurements, the absorptivity of the painted concrete is nearly in- 
dependent of the humidity of the air, although the calculated values of a 
show a tendency to increase slightly as the humidity decreases. More 
precise experiments must be made to verify this finding. 
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From reverberation measurements at 512 d.v. in the large room, the 
coefficient of absorption of the painted concrete is .012 at this frequency. 
It will be noted that the coefficients at 2048 and even 4096 d.v. are only 
slightly higher than the coefficient at 512 d.v., whereas if the absorption 
in the air had been neglected, the calculated coefficient of absorption at 
4096 d.v. would have been .054 at 20 per cent relative humidity and .032 
at 70 per cent relative humidity. If these values of a be compared with 
.020 at 20 per cent relative humidity and .016 at 70 per cent relative 
humidity, that is with the coefficients which are obtained when correc- 
tion is made for the absorption of sound in the air, it appears that the 
presence of water vapor in the air in a room does not sensibly effect 
the absorptivity of the boundaries (painted concrete) of the room, at 
least until condensation commences on the surface, and that the princi- 
pal effect of humidity is to change the rate of absorption in the air. 
Further, it appears that the absorption of high frequency sound in the 
air places an upper limit upon the time of reverberation which can be 
attained in a reverberation chamber, and that but little is to be gained 
in an attempt to obtain long times of reverberation at high frequencies 
by using more reflective surfaces than painted concrete for the interior 
of a reverberation chamber. 

The results obtained in these experiments indicate that the absorp- 
tion of sound in the air is an important factor which must be taken into 
consideration in problems in sound signaling and in architectural acous- 
tics. Thus, if a tone of 4096 d.v., in the form of a plane parallel beam, 
were used for long range signaling there would be, at a temperature of 
21° C. and a relative humidity of 44 per cent, an attenuation of 9.8 db 
per second, or about 46 db per mile.® On the other hand, the attenuation 
would be less than 1 db per mile for a frequency of 512 d.v. 

Again, consider the reverberation time for a tone of 4096 d.v. in a 
rectangular room 80’ x 100’ x30’. Suppose the relative humidity to be 
only 20 per cent at 21° C., and the interior boundaries of the room to 
have an average absorptivity of .20. Then V =240,000 cu. ft., and 
S =26,800 sq. ft. Neglecting the air absorption. 

.049 & 240,000 


t= ——————™ ——_ = 1.97 seconds. 
— 26,800 log, (1 — .20) 


® This follows from the manner in which m enters in Eq. (2). The reciprocal of m will give 
the distance in feet a plane wave must travel in order to have the intensity reduced to 1/e. 
Since e=2.718 the intensity of the wave is reduced 4.34 db for each 1/m feet the wave ad- 
vances. Since m= .002 ft.~! at a temperature of 21°C, and a relative humidity of 44 per cent, for 
a sound wave of 4096 d.v., the intensity will be reduced 4.34 db for each 500 feet the plane 
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And, including the absorption in the air (m =.0027), 


.049 K 240,000 
==  —_ = 1.37 seconds. 
— 26,800 log, (1 — .20) — 4 X .0027 X 240,000 


At a relative humidity of 70 per cent, m =.0015, and 
.049 & 240,000 


i eee er EEERT YRRRRERET TERRIERS RE ERE = 1.58 seconds. 
— 26,800 log. (1 — .20) — 4 X .0015 X 240,000 





The effect of the absorption in the air is thus seen to be a very appreci- 
able factor in calculating the reverberation time or absorption in a 
room at frequencies above 4000 d.v. Further, owing to this absorption 
in the air, the high frequency components of speech and music suffer 
an appreciable attenuation in large auditoriums and in open-air theaters, 
especially when the air is dry. Finally, in order to compensate for this 
increased absorption in the air at high frequencies, materials which are 
to be used for the control of reverberation in auditoriums should have 
a decreasing absorptive characteristic for frequencies above about 
2000 d.v. 

The writer gratefully acknowledges the assistance he has received 
from Messrs. Leo P. and Lewis A. Delsasso. Both have contributed 
largely to the design of the apparatus and to the technique and labor 
required in conducting the experiments. 


wave advances. Assuming a velocity of 1125 feet per second, the attenuation would amount 
to 9.8 db per second. 
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A CRITICAL STUDY OF THE PRECISION OF MEASUREMENT 
OF ABSORPTION COEFFICIENTS BY 
REVERBERATION METHODS 


By Paut E. SABINE 
Riverbank Laboratories 


The tolerance that may be allowed in the computed reverberation 
time in audience rooms without producing appreciable difference in the 
acoustic properties, either as shown by the change in the intelligibility 
of speech or in the quality of music is considerable, certainly as great as 
5 per cent of its value. Add to this the fact that in most practical cases 
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Curve 2.— Treated with 3200 Sq.Ft. at .60 
Curve 3.— Treated with 3200 Sq.Ft. at .70 
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the computation of the reverberation time always involves certain esti- 
mates and approximations that may or may not represent the exact 
conditions when the room is completed and in use, and we may safely 
say that an error of 10 per cent in the measured value of the absorption 
will not, with few if any exceptions, make an appreciable difference in 
the acoustic properites of an audience room. 


139 
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Let us illustrate by an example. Suppose we have an auditorium 
with a volume of 200,000 cubic feet, and a seating capacity of 1000, 
with seats of moderate absorbing power, 1.5 units. The reverbera- 
tion times for various audiences are shown by graph 1, Fig. 1. Let us 
suppose that the expert decides this is too high and that the so-called 
optimum for a room of this volume is 1.3 seconds with a full audience 
instead of 1.6 seconds, and accordingly recommends the installation of 
sound absorbent material sufficient to supply 2200 units of absorption 
thus bringing the reverberation down to the desired 1.3 seconds. The 
reverberation times are as shown in Curve 3. Let us suppose the correc- 
tion is supplied by the use of a material, which according to tests, which 
the manufacturer considers are scientifically accurate, has an absorption 
coefficient of .70. The installation is made; the building completed; 
people can hear comfortably and everybody is satisfied. Carrying our 
hypothetical case a little further, suppose the manufacturer decides to 
have further tests made on his material, and as a result of this passion 
for precision, he finds that his material has an absorption coefficient of 
only .60. Only 1900 units of absorption have been added instead of the 
supposed 2200. The computed reverberation times are shown in Curve 2, 
of Fig. 1! The change in the accepted value of the absorption coefficient 
of about 15 per cent of its supposed value has produced a change in 
the computed reverberation of .2 second in the empty room, and of .06 
second with a capacity audience. The difference in the empty room 
might be detected by very carefully conducted experiments. The differ- 
ence with even a small audience would be below the threshold of per- 
ceptible difference under conditions of actual use, while with an average 
audience the difference in the calculated values corresponds to no de- 
tectible difference in acoustic properties. 

This illustration is typical. The matter of the precision of the meas- 
ured values of absorption coefficients has importance only in view of the 
competitive commercial situation as between different materials that 
might be used. Thus, let us assume that the architect has written into 
his specifications the 2200 square foot units of absorption. This would 
call for 3660 square feet of .60, or 3100 square feet of a .70 material. 
Assuming an equal square foot cost of the two materials, the difference 
in total cost to the owner of the building would be important measured 
in dollars and cents even though the difference in results measured in 
desirable acoustical properties would be negligible. In view of this aspect 
of the question, and also in view of the difference in the values obtained 
by tests made in different laboratories using one form or another of the 
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reverberation method, it becomes desirable to ascertain the degree of 
precision that may be expected in the measurement of the absorption 
coefficients of materials. These considerations constitute the writer’s 
excuse for presenting the present paper. 

This study is based on the measurement of the absorption coeffi- 
cients at five different frequencies of four different material using both 
organ pipe and loud speaker sources of sound. With the loud speaker, 
comparisons were made using both steady and so-called flutter tones. 
With the flutter tone the frequency varied by about 6 per cent of its 
value above the mean frequency of the steady tone. A comparison of the 
steady and flutter tone value was made on only one of the four samples. 
The whole study entailed the making of some 10,000 separate observa- 
tions. The times were those required for the residual sound to decrease 
to the threshold of audibility and were measured by means of a stop 
watch timer. 

EXPERIMENTAL PROCEDURE 


In order to eliminate so far as possible the variations due to the 
shift of the interference pattern both upon the actual rate of decay and 
upon the acoustical output of the source of sound, large steel reflectors 
were slowly revolved (1 revolution in two minutes) during all the obser- 
vation. The value of the reverberation time for any condition was the 
mean of 25 observations taken in five different stations throughout the 
room. The general experimental procedure was as follows: With the ob- 
server's box in a given position, the reverberation time at a given pitch 
was measured for the empty room for four, in some cases five, differ- 
ent values of the alternating current in the voice coil of the electro- 
dynamic speaker. These current values ranged from 2 to 280 milliam- 
peres, giving a variation in the acoustic output of the speaker of ap- 
proximately 20,000 to 1. The time, using the organ pipe was also meas- 
ured. Then a given area of the material was placed on the floor of the 
sound chamber and the observations were repeated. Leaving the ma- 
terial in the room, the observer’s position was changed and the measure- 
ments were repeated. Alternating thus, the series of measurements was 
made in each of the five different positions, giving 25 observations in all, 
for each current value in the loud speaker, and for the organ pipe, for 
each room condition. 


CALCULATION OF ABSORPTION COEFFICIENTS 


Figure 2 is typical of the results from the data so obtained. Here the 
logarithm of the loud speaker current is plotted as ordinate against the 
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time in seconds. We note the very approximately linear relation between 
the time and the logarithm of the current. We note also that the lines, 
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in this particular case for the sample in and sample out cross very pre- 
cisely on the axis of zero time. This means that in this instance at least, 
the current necessary to produce sound of threshold intensity is the 
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same with the absorbent material present as in the empty room, point- 
ing to the fact that the loud speaker operating under constant current 
acts as a source of constant intensity under varying room absorptions, 
and not as a source of constant acoustical power as is ordinarily as- 
sumed. This was not uniformly true, however. In the twenty-three sepa- 
rate experiments made, eleven showed the extrapolated lines crossing 
exactly on the axis, nine at small positive values of the time, and three at 
negative values. These last were for the lowest frequency 128 vibs./sec. 
Chrisler reports that in similar experiments the intersection was at 
uniformly negative values that would be expected on the assumption 
that the speaker acted as a source of fixed output at constant current 
but varying room conditions. 
From the reverberation theory, we have 
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T, and T, are the measured reverberation times for sources whose acous- 
tic powers are E, and E; respectively. 

Since for constant room conditions E/E, =C;2/C.*, where C,; and Cy 
are the currents through the voice coil of the loud speaker we may write 


a | 
Cc Ti = T2 


or putting inthe appropriate constants forthe Sound Chamber, a =15.4m, 
where m is the slope of the straight line of Fig. 2. Similarly with the 
absorbent material present, 


a’ = 15.4m’ 
and the increase in absorbing power due to the presence of the sample is 
a’ — a = 15.4(m’ — m). 
If S is the area of the sample, then 


a’—a_ 15.4 


-— 








= (m’ — m) 

is the increase in absorbing power per unit surface. If we add to this a 
small correction, the absorption coefficient of the surface covered by the 
test sample we have the absorption coefficient of the material being 
tested. We shall call this method the Variable Intensity Method. 
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The coefficient of absorption may also be computed from the values 
of the reverberation times at a single fixed value of the loud speaker 
current—provided we can be sure just how the loud speaker acts under 
altered room conditions. In all his work W. -C. Sabine assumed that an 
organ pipe blown at constant wind pressure gave a constant acoustical 
output regardless of room conditions. We shall later present data bearing 
on the validity of this assumption. As for the loud speaker driven at con- 
stant amplitude, as has already been pointed out the experimental data 
are still somewhat equivocal. The acoustical power radiated by a vibrat- 
ing source of a given frequency is proportional to the product of two 
factors, the mean amplitude of vibration and the mean pressure against 
which it moves, i.e. 

E = KAoP (4) 
where A, and P are the root mean square amplitude and pressure at the 
source. If we assume that in the steady state the acoustical impedance 
of the room as a whole is effective at the driving point then P, must bea 
function of the total absorbing power of the room, and for a given am- 
plitude E the power radiated in the steady state is a function of the 
total absorbing power. A simple analysis leads to the conclusion that E 
in the steady state is directly proportional to the total absorbing power. 
Now J, the steady state intensity is equal to 4Z,/ac. Assume for the 
moment that EZ, =) a, when bd isa constant. 

Then for the empty room 


With the absorbent material present 





4ba’ = 4D 
ac Cc 
TI, = i. 


That is, at constant amplitude the loud speaker sets up a steady state 
intensity which is the same for the empty room as for the room with the 
absorbent material present; in which case 
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The fact that the extrapolated straight lines cross on the axis of zero 
time is in line with this conclusion. Unfortunately, the results of the ex- 
periments up to date do not agree on this point. The weight of the evi- 
dence from my own experiments is in favor of this view, as concerns fre- 
quencies as great as 512 or greater vibrations per second. None of them 
indicate that the loud speaker acts as a source of constant power out- 
put, whereas Chrisler’s experiments do. The difference may lie in a dif- 
ference in the precise way in which the electrical input to the loud 
speaker is measured. At any rate, the present situation leaves an element 
of doubt as to just how to compute a, the absorbing power with sample 
present from a, the absorbing power of the empty room and ?’ and ¢, the 
reverberation times under the two respective conditions, when the loud 
speaker driven by a given current is used as a source of sound. This un- 


‘certainty does not of course affect the results of the varying intensity 


method, nor any method in which the actual rate of decay is measured. 
Sticking to the original assumption with regard to organ pipes, that 
E is constant under varying room conditions: we have 








4V 4E 
aT = —- log, 
c act 
4V 4E 4V 4E a 
it ag: ante log. = —-log, |—~ 
c a’c’ aci a’ 
4V a 4V T 
= af + ——— log. —=-aT— — log. — . 
C a’ c T’ 


For the Riverbank Sound Chamber, this gives 


, 1 T 
a ~ oP oe = 1. eas ° 


The absorbing power for the empty room is given by the results of the 
varying intensity method using the loud speaker under conditions iden- 
tical with those when the organ pipe timings were made. 


ORGAN PIPE AS A SOURCE OF CONSTANT POWER 
The present experiments afford data for checking the validity of the 
assumption of constant output from an organ pipe, when the absorbing 
power of the room is altered. Taking the value of the absorbing power 
from the variable intensity data, log E/i may be computed, under vary- 
ing conditions of absorbing power. We have 


E aT 
logio —— = —— + 1.94 + loga 
‘ t- 
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Table 1 gives the values of E/i so computed for the organ pipes which 
are regularly used in the Riverbank Sound Chamber, 7 is the intensity 
at the threshold of audibility for the writer. 

Inspecting the table we note that there.is no systematic variation 
in the value of E/i with total absorbing power. Moreover, the values 
obtained in 1927 show very fair agreement with the later experiments, 
so that it seems fair to say that Sabine’s original assumption of the con- 



































stancy of output from an organ pipe source is confirmed by the results 
of the present investigation. We may therefore compute a’, the absorb- 
ing power with the test sample present from the organ pipe times by 
equation (6). We shall call this the Constant Source Method. 


Absorbing Power Logio E/i 
Frequency (square meters) Metric units Date 
128 4.95 11.09 1931 
128 4.87 11.45 1931 
128 4.98 10.86 1931 
128 4.95 10.64 1931 
128 5.38 10.47 1931 
128 4.03 10.26 1927 
256 5.04 12.04 1931 
256 6.42 12.35 1931 
256 6.83 12.12 1931 
256 8.25 12.32 1931 
256 5.07 12.22 1927 
512 5.30 11.52 1931 
512 7.83 10.88 1931 
512 8.62 10.84 1931 
512 9.34 11.27 1931 
512 4.56 11.01 1927 | 
1024 5.40 10.80 1931 
1024 6.03 11.62 1931 
1024 9.48 11.17 1931 
1024 9.66 11.41 1931 
1024 9.78 1251 1931 
1024 5232 11.35 1927 
2048 7.73 11.86 1931 
2048 12.05 11.70 1931 
2048 12.48 12.26 1931 
2048 13.25 12.36 1931 
2048 7.58 12.36 1927 
f 
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MAGNITUDE OF ERRORS 


It must be remembered that the absorption coefficient is computed 
from the difference between the measured values of the total absorbing 
powers, of the empty room and that of the room with the sample pres- 
ent. It follows therefore that the possible percentage error in the meas- 
urements of the absorbing powers will be magnified in computing the 
coefficient. It can easily be shown that if the possible error in a single 
determination of a and a’ is 1 percent, the corresponding possible error 
in the computed value of the coefficient is 1+2a/(a’—a,) where the error 
in aand a’ are cumulative. The possible error in the coefficient for 1 per 
cent error in the values of a’ for different ratios of a’ to a are as follows: 


a’/a Possible per cent 
error in coef. 

5 9.0 

( 5.0 

75 3:7 


0 3.0 


“I ui bt 
—) 


No — = 


This leads to the conclusion that the precision of our results is in- 
creased by making the initia] absorbing power as small as possible and 
using as large areas of the absorbent material as possible. It has to be 
remembered, however, that the percentage accuracy with which the in- 
stant at which the decaying sound reaches the threshold of audibility 
does not increase as one increases the reverberation time, since the ap- 
proach to the threshold value is more gradual and judgment as to the 
exact time is less precise. The following figures taken on three successive 
days are typical of the degree of congruence that may be attained in 
timing with the ear and stop watch. 





T T’ a a’ a’—a 
12.47 7.58 5.17 8.30 3.13 
12.71 q.42 5.08 8.16 3.08 
12.79 4:93 5.04 8.15 3.07 
Average 12.66 7.68 5.10 8.20 3.09 
Average deviation saze .063 .05 .067 .023 
Per cent deviation 1.0 0.8 1.0 0.8 0.7 


This is a fortunate example, since the measured values of T and T’ 
vary in the same direction on the three different days. These variations 
are probably due to a real difference in the sensitivity of the obser- 
ver’s hearing on the different days. Had they been due simply to chance 
errors of observation, then the high value of T might have corresponded 
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to the low value of 7’, and the average percentage deviation from the 
mean in the value of a’ —a, and hence of the absorption coefficient might 
have been 3 per cent. Errors due to variation in the acuity of hearing 
may be pretty well eliminated by planning the order in which the tim- 
ings are made, and by alternately measuring the time with and without 
the sample present. Our experience is that a trained observer may ex- 
pect to duplicate his values of the absorption coefficient using the con- 
stant source method to within 4 or 5 per cent for the frequencies 256 to 
2048 inclusive, if T and 7’ are taken as the mean of 25 observations 
each. At frequencies outside this range the precision of measurements is 
not so great. 

Turning now to the precision of the Variable Intensity Method, we 
find first of all that the number of observations required for determining 
the coefficient is four or five times as great as by the constant source 
method, depending upon the number of different levels that one thinks 
necessary for the determination of the slope of the logarithmic decay 
line. Fig. 3, is indicative of the closeness to a straight line at which the 
experimental points fall, when conditions are maintained as constant as 
possible during the complete series of observation. Unfortunately one 
can not hope to duplicate results exactly on different days, even though 
conditions are identical so far as one can tell. An agreement to within 
1 percent is about the best that can be hoped for between two determi- 
nations of the slope of logarithmic decay line, using four values of the 
intensity and making 25 observations of the time for each intensity. 
As has been pointed out, this uncertainty in the values of a and a’ may 
lead to much larger errors in the computed value of the coefficient. Thus 
for example an error of .05 seconds in the values of the times for the 
maximum and minimum currents might make a change from .68 to .60 
in the computed value of the coefficient at the tone 512 vibrations under 
the conditions prevailing during this investigation. Thus experimental 
errors of less than 1 percent in the original data might account for a 
difference of more than 12 percent in the coefficient of a material meas- 
ured by the variable source method. 

It is to be noted that the precision of the variable source method 
decreases with decreasing values of the reverberation time for a given 
range of intensity variation. That is, the greater the slope of the log 
current time line, the greater will be the change in slope produced by a 
slight variation in the times. Therefore this method can not be used ad- 
vantageously except in highly reverberant rooms. This fact also makes 
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for less precision in the measurement of coefficients at high frequencies, 
where the reverberation times are less. 
PRECISION OF OTHER METHODS 


Other methods have been used for the measurements of absorption 
coefficients. V.O. Knudsen! has measured the steady state intensity set 
up by a constant output source. By the reverberation theory 
4E 
ly 
4E 


cl,’ 





whence 


te 
a a= (I; T,). 
Cc 





In lieu of any method of directly measuring £, its value is from equa- 
tion (6) using the value of a as found by the variable source method. The 
precision of the method is therefore no greater than the precision with 
which a can be determined by reverberation methods. The percentage 
error in a’ —a, and hence in the coefficient of absorption is therefore the 
sum of the errors a, and /,’—J,. Here also we find the possible percent- 
age errors in the computed value of the coefficient much greater than 
the experimental errors of a single measurement, due to the fact that 
the coefficient has to be computed from the difference between two ex- 
perimentally measured quantities. Thus computing the absorption coef- 
ficient of a given material from the data given in Kundsen’s paper, one 
finds values ranging from .42 to .50. 

Chrisler, at the Bureau of Standards and others have used the oscil- 
lograph record of the decay of sound in the reverberation chamber as a 
means of determining the rate of decay. Speaking of the precision that 
can be attained Chrisler® states. “It was hoped that the time of decay 
of a given sound through a given change of intensity would be constant 
provided other conditions remained constant. It was found, however, 
that the time was not constant probably due to the drift of the sound 
pattern. As a result of this it was found necessary to take a number of 
films and use the average if satisfactory results were to be obtained.” 


1 Phil. Mag., Vol. V, June, 1928. 
2 Bur. of Stand., Res. Paper, 242. 
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A method subsequently adopted consists of noting the time for the am- 
plified current from a telephonic pickup to decrease through a given 
ratio. Of the precision of the latter he states: “To obtain satisfactory re- 
sults it is necessary to make a large number of measurements just as 
when the ear is used as a measuring instrument, but it is believed that 
the accuracy is somewhat greater.” 

To summarize, we may state the situation relative to the precision 
of absorption coefficients by reverberation methods as follows: 

In the last analysis, all determinations of coefficients must be based 
on the difference between two experimentally determined rates of decay 
of sound in a room. A fair degree of precision in the value of the coef- 
ficient therefore calls for a high degree of precision in measurement of 
these rates. Extreme precision in measurement of these rates is difficult 
to obtain, first because of the logarithmic character of the decay curve, 
and second, because the actual intensity at any point is a rapidly fluc- 
tuating function of the time due to the constant variation of the inter- 
ference pattern in the reverberant sound. The use of flutter tones of a 
moving source, or moving receiving apparatus, and of moving reflecting 
surfaces decreases but does not eliminate this source of error. 

In view of these facts, it would appear that normal experimental 
errors may easily account for a difference of 3 percent to 4 percent of 
itself in the value of the absorption coefficient of a given material, when 
measured under the best conditions, for the tone range from 256 to 2048. 
Outside this range the experimental errors may lead to much larger dis- 
crepancies for reasons already stated. 


OTHER SOURCES OF DISCREPANCY 


Perhaps the most obvious, and, I think, the most frequent cause for 
disagreement in the coefficients found by different laboratories for osten- 
sibly the same material is an actual difference in the particular samples 
tested. For example with felt materials it is well known that the coeffi- 
cient at 512 vibrations per second changes rapidly with the thickness. 
Thus the coefficient for hair felt increases from .31 to .59 almost linearly, 
when the thickness is increased from }” to 1”. An additional thickness of 
1/16” would raise the coefficient of so-called 3” felt from .31 to .35. This 
difference of thickness might well occur in materials supplied by two 
manufacturers or possibly in two samples from the same manufacturer, 
both listed as 3” material. The same thing is true in greater or less de- 
gree of all porous materials. Even greater variations in absorption may- 
occur with porous materials due to differences in the fineness of the po- 
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rosity: The mean diameter of the pore channels, and the ratio of per- 
forated to unperforated surface affects the absorbing efficiency of such 
materials to a marked degree, and these may vary in the process of 
manufacture. This is particularly, true of sound absorbent plasters. Con- 
ditions of application may materially affect the absorption coefficient 
so that tests on plaster materials should be made on samples that are 
prepared under practicable job conditions. 


COMPARISON OF RESULTS 


In the following table a comparison is made between the values ob- 
tained using organ pipes as sources of constant output, and the loud 
speaker varied over a range ofintensities of about 20,000 to 1. The coeffi- 
cients obtained at the Bureau of Standards on these identical samples 
are also presented. The organ pipes were of the open diapason stop, 
giving of course the fundamental and the full series of harmonics. Cur- 
rent was supplied to the loud speaker from a three stage amplifier fed 
by a beat frequency oscillator. In the tests on Sample, 4, low pass elec- 
trical filters were included in the circuit to filter out harmonics. In every 
case the harmonics were faint in the residual sound, so that it was the 
persistence of the fundamental frequency that was measured. 

One notes the wide variation in the values at the lowest frequency. 
It is quite questionable as to whether the assumptions of the reverbera- 
tion theory can be considered as holding in a room of this size, 27 X 20 X 
19’ for a wave length of approximately 8’. Moreover, the dimensions of 
the test sample 8 X9’ are not great when expressed in wave lengths so 
that changes in resonance caused by introducing the absorbing material 
may quite possibly mask the change in the rate of decay. 

At 256, we note a very fair agreement, while at 512 the Riverbank 
figures for the organ pipe check very well with the Bureau of Standards 
figures obtained with a loud speaker source, but not with the Riverbank 
loud speaker results. At the two highest frequencies, the organ pipes 
give consistently lower values. It is difficult to assign any plausible ex- 
planation for these differences. The magnitude of the errors that may 
result from slight errors in timing is illustrated by sample C at 2048. 
The choice between .70 and .83 will depend upon whether one chooses 
to put the line of best fit between four experimental points, or to ignore 
one of the four which is slightly out of line with the other three. 

The net conclusion that may be drawn from the foregoing, so far as 
it affects the practical question of acoustical correction may be simply 
stated. First of all, it should be recognized that even given all the data, 
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the computation of the reverberation time in any given actual case is 
a matter of approximate estimate rather than precise determination. 
The more or less arbitrary setting of an optimum reverberation time for 
rooms of a given volume is an academic straining for a precision which 
does not exist in fact. The architectural profession should come to recog- 




















Coefficient 
Pitch Material. | |_—-—H->-TTYTYNYNYNY 
Organ Pipe | Loud Speaker| Bureau of Absorption 
Var. Intensity} Standards Meter 
128 A 08 .03 09 
128 B 08 .02 13 
128 Cc 13 0-4 .18 
128 D — -- 19 
256 \ .18 22 20 
256 B .29 27 28 
256 C 46 48 38 
256 D 42 45 42 
512 \ .48 .39 48 36 
512 B .62 51 61 52 
512 Cc .67 62 64 58 
512 D 64 58 61 63 
1024 A 54 .62 64 
1024 B 55 64 73 
1024 ¢ 57 .67 73 
1024 U .69 77 72 
2048 A 54 62 .66 
2048 B 59 .66 td 
2048 Cc 62 .83-.70 43 
2048 D a .79 16 


nize this in specifying reverberation requirements. Second, considerable 
variation in the absorption coefficients of materials used for acoustical 
correction may exist without producing appreciably differences in the 
observed acoustical properties of rooms. Third, present methods of 
measurement do not give mathematically precise values of the absorp- 
tion coefficients of materials, but under proper conditions and with skill 
and care, they do give values which are quite precise enough for appli- 
cation to practical problems. Commercial interests should come to 
recognize this fact and to lay less emphasis upon the particular numer- 
ical values obtained at this or that laboratory. In the vast majority of 








154 JOURNAL OF THE ACOUSTICAL SOCIETY _ [Juty, 


cases, advantages due to other physical characteristics, such as color, 
permanence, appearance, adaptibility to desired modes of interior treat- 
ment, may well outweigh the difference between .60 and .70 in the value 
of the absorption coefficient. Just how an architect is to write specifica- 
tions so as to insure his client getting his money’s worth in acoustical 
satisfaction, has still to be agreed upon, but what one may call the 
present “war of coefficients” is, in the writer’s opinion a quite meaning- 
less wrangle over practical unessentials. 
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AUDIBLE FREQUENCY RANGES OF MUSIC, 
SPEECH AND NOISE 
By W. B. SNow 
Bell Telephone Laboratories 


INTRODUCTION 


Any sound transmission system, if it is to give faithful reproduction, 
should transmit all the audible frequencies of a sound in their proper 
relative intensities. To give acceptable reproduction, it should transmit 
those frequencies considered most necessary for any particular applica- 
tion. The audible frequency range depends upon physical factors—the 
frequency-amplitude characteristics of a sound and the hearing char- 
acteristics of the average ear—whereas the acceptable frequency range 
must be determined by judgment when engineering or economic con- 
siderations limit transmission. As engineering limitations disappear and 
practical design becomes more a matter of economics a knowledge of 
both audible and acceptable limits increases in importance. 

The program of listening tests described in this paper was undertaken 
primarily to establish the audible frequency ranges of the sounds most 
often encountered in sound reproduction, but some tests bearing on 
acceptable ranges were included. The sounds were transmitted through 
an electro-acoustic system equipped with electrical filters by means of 
which all frequencies above or below any desired cut-off could be sup- 
pressed, and observers determined the high and low frequency cut-offs 
causing just perceptible differences in the transmission. All audible fre- 
quencies of the sounds were included in the range between the cut-offs 
thus delineated. Sound sources were: Musical instruments—tympani, 
bass drum, snare drum, 14” cymbals, bass viol, ’cello, piano, violin, 
bass tuba, trombone, French horn, trumpet, bass saxophone, bassoon, 
bass clarinet, clarinet, oboe, soprano saxophone, flute, and piccolo; male 
and female speech; noises—footsteps, hand clapping, key jingling. These 
tests are described in Part I. 

Measurements of the relation of reproduced frequency range to the 
quality of orchestral music, as judged by a number of experienced 
listeners, are reported in Part II. Tests of this kind must be used in 
establishing acceptable frequency ranges. 


Part I 
Apparatus 


The reproducing equipment was built by the Laboratories especially 
for fundamental studies of speech and music quality. Fig. 1 is a block 
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diagram of the circuits involved in these tests. The electro-dynamic 
transmitter was mounted in a 5’ square baffle placed near the center of a 
large soundproof room, 29’ x 29’ x 13’ in size, which had a reverberation 
time of about one second for frequencies between 60 and 4000 cycles. 
The transmitter amplifier, mounted at the rear of the baffle, raised the 
transmitter output to a level that permitted satisfactory switching 
operations without objectionable surges. 

In another room the filters, their switching circuits, and the main 
amplifiers were set up. The attenuator shown in the “filter-out” circuit 
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Fic. 1. Schematic circuit diagram of essential apparatus. 


Was used to compensate for the losses in the transmitted bands of the 
filters, so that the passed frequencies were reproduced at constant level 
at all times. Filters available were: High pass 30, 40, 55, 75, 100, 125, 
250, 375, 500, 750, 1000, 1500 cycles cut-off frequency; Low Pass 13,000, 
10,500, 8500, 7000, 5500, 4500, 3750, 3250, 2850, 2450, 1900, 1500, 1000 
and 750 cycles cut-off frequency. All were composite structures giving 
sharp cut-offs and attenuations of 60 db or more in the attenuated re- 
gion. Representative attenuation characteristics are shown in Fig. 2. 
The loud speaker was mounted in one corner of a third room, of 
dimensions 18’ x27’ x 15’, semi-sound proof in construction and exhibit- 
ing reverberation characteristics similar to those of the transmitter 
room. To cover the required frequency range, two reproducing units 
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were employed, one for the four and one-half octave range below 500 
cycles, the other for the five octave range above this frequency. 
The degree of confidence to be placed in the test results depends upon 
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Fic. 2. Attenuation characteristics of four typical filters. 


the uniformity with which this range was reproduced. The average over- 
all reproduction-ratio characteristic of the system, shown in Fig. 3, 
departs from uniformity only about +2.5 db between 20 and 15,000 
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Fic. 3. Reproduction-ratio characteristic of complete system. 


cycles. It represents the average for that part of the room which may be 
called the “listening area,” the directional characteristics of the loud 
speaker not permitting uniform sound pressure throughout the room at 
very high frequencies. At no point in this area did the measured pres- 
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sure at any frequency depart more than +3.5 db from the average 
curve. One assumption is involved. Because the measurements were 
made by supplying “warbling” frequencies to the voltage amplifier and 
measuring the sound pressure in the listening room with the regular 
system transmitter and amplifier, it is necessary to assume that the 
transmitter behaved identically in the transmitter room. The two rooms 
are similar and the assumption was thought justified. The power output 
capacity of the system was estimated at one-half watt peak sound power 
with 10 per cent distortion products. 

In addition to the speech circuits, Fig. 1 shows an indicating-lamp 
circuit. Placed before the loud speaker was a small box bearing the let- 
ters A and B on its translucent face. As the filters were thrown in or out 
the illumination was changed from one letter to the other, the letter cor- 
responding to “filter-in” being determined by the reversing switch. The 
signal lights beside the transmitter were lighted whenever the circuit 
was closed through. An order-wire circuit (not shown) was used for 
signalling and intercommunication. 


Testing Methods 


The “A-B Test” method was used in determining the filter cut-offs 
producing just perceptible changes in the sounds. The observers listened 
to two conditions, A and B, one filtered and one unfiltered, and judged 
which condition was filtered. If the observer obtained a score of 100 
per cent correct judgments in a large number of trials the filter was 
absolutely detectable. A score of 50 per cent correct judgments indicated 
an undetectable filter, because the observer, if guessing, guessed right 
and wrong an equal number of times. 

Nine members of an articulation testing crew and two young engi- 
neers made up the regular observing personnel, though other observers 
were secured when possible. The actual number participating in the 
tests varied from nine to fourteen. All were known to have normal hear- 
ing, but the predominantly youthful makeup of the crew probably 
made the crew’s average sensitivity for very high frequencies somewhat 
greater than the general average. The observers were frequently shifted 
about to insure average results, since the sound field was not absolutely 
uniform. 

Professional musicians were employed in all tests with musical in- 
struments. Usually they were seated as close to the transmitter as prac- 
ticable, and the amplifiers were set so that the sounds were reproduced 
at natural loudness. The power capacity of the system did not permit 
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this loudness on the drums, cymbals, piano, trumpet, and trombone. 
For these cases the performers were seated about 10 feet from the trans- 
mitter and the amplifier gain was reduced the necessary amount. Speak- 
ers were seated with their lips 18 inches from the transmitter. The keys 
were shaken about four feet away. Handclapping and footsteps were 
produced at a distance of 15 feet. 

The musicians were instructed to play their instruments “loud,” as 
listening tests showed that the widest frequency ranges were thereby 
produced. Tests were made with the instruments played in their several 
octave ranges or with their different techniques to insure “boundary” 
results. In general the performers played repeated three or four note 
scales, for the differences produced by the boundary filters were too 
small to be detected regularly except on repeated music not supplied by 
melodies. However, such a procedure would not be representative for 
the piano, and regular player rolls were used in testing it. One repeated 
over and over a 15 second passage emphasizing the notes of funda- 
mentals 32 to 800 cycles, the second similarly emphasized notes of 
fundamentals 200 to 3500 cycles, while the third was a march covering 
the range 40 to 1500 cycles. 

Before the regular crew started work on each sound the engineers in 
charge listened to the reproduction and picked out the playing tech- 
niques that promised the widest frequency ranges. Tests always started 
with a filter giving 90-100% correct judgments and continued through 
successive cut-offs until the 50% cut-off was reached. Throughout both 
the preliminary and regular tests the observers made notes relative to 
quality changes produced by the filters, and noises produced by the in- 
struments. With the performers and observers in readiness for an actual 
test the procedure was as follows: The filter operator threw the main 
switch from neutral to the position lighting the “A” lamp, which might 
be “filter-in” or “filter-out” as he chose. The performer, seeing his signal 
lamp light, then played his instrument for a period of 15 to 20 seconds as 
the operator switched “A-B-A-B-neutral.” Switching to neutral stopped 
the musician by extinguishing his signal light, and gave the observers an 
opportunity to check on their recording blanks the condition they be- 
lieved to be filtered. The process was repeated five times with a random 
order of correspondence between A or B and “filter-in.” When necessary 
a filter was retested until practice effects were eliminated. Since there 
were never less than nine observers, and each had at least six trials on 
each filter, the minimum number of observations used in computing the 
percentage of correct judgments on any filter cut-off was 54. Several 
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times check tests were made in which the lights were changed, but no 
filter was inserted. The average scores on these tests always were within 


the limit 50 +4 percent. 


The filter cut-offs producing just noticeable effects upon the sounds 
were not sharply defined. For every sound there was, between the cut- 
off recognized every time and the cut-off never recognized, a certain 
region of appreciable width where the percentage of correct judgments 
decreased from 100 per cent to 50 per cent. If this percentage is plotted 
against cut-off frequency a curve such as is shown in Fig. 4 results. 
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Fic.4. Number of times filter condition was correctly perceived as function of 


Curves of this kind proved useful for interpolation purposes, but their 
contours were felt to be too dependent upon the individual peculiar- 
ities of observers and players to be of general significance. No close cor- 
relation existed between the importance of any frequency range and the 
contours of the curves, for the differences caused by the filters that were 
recognizable in less than 80 per cent of the tests were very small. In 
addition, some observers consider that elimination of high frequencies 
improves the reproduction of certain musical sounds by removing ac- 
companying noises. Therefore it was decided that the useful information 
from the data could best be presented by straight lines. 

The audible frequency ranges of all the sounds tested have been 
plotted in this way in Fig. 5. The end points for these lines have been 
taken where the correct judgments amounted to 60 per cent. In addi- 
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ri tion, the frequencies where 80 per cent correct judgments were obtained 
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a With most instruments it was noticed that the actual musical sounds 
were accompanied by other sounds such as key clicks, lip noises, “buzz” 
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peer the frequency ranges carrying the two classes of sounds, and their 
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heavy portions indicate the frequency ranges thought to convey the 
“tone quality” of the instruments, and the short vertical lines define the 


ranges of noise. In some cases noise and tone seemed inseparably 
blended. 


The qualitative observations made by the observers are summarized 
in the notes below, in which “L. F.” means “lowest fundamentals.” 


Tympani—No important frequencies below 65 cycles (Drum tuned to 96 cycles). Actual tone 
range ends around 2000 cycles. Prominent drum rattle and beating noises to around 5000 
cycles. 

Bass Drum—No important frequencies below 70 cycles. Actual tone range ends around 1000 
cycles. Prominent drum rattle and beating noises to around 5000 cycles. 

Snare Drum—No important frequencies below 100 cycles. Actual tone consists of rattle ex- 
tending to very high frequencies. 

14” Cymbals—No important frequencies below 350 cycles. Low frequencies prominent when 
one cymbal is struck with a hard stick. High frequencies prominent when two cymbals are 
clashed together. 

Bass Viol—L. F. fairly important, slightly more on plucked than on bowed notes. Considerable 
bowing noise. 

Cello—L.F. fairly important. Tone very rich in harmonics. Moderate bowing noise. 

Piano—L.F. unimportant for first octave. 100 cycle high pass filter only slightly noticeable. 
Upper notes practically pure tones. 

Violin—L.F. important. Tone rich in harmonics. Noises and tone blended. 

Bass Tuba—L.F. fairly important. “Pedal” notes—fundamentals around 20 cycles—contain 
fewer very low frequencies than regular notes. Moderate blowing and key noises. 

Trombone—L.F. not very important below 130 cycles. Middle register has greatest harmonic 
content. Inappreciable noise. 

French Horn—L.F. unimportant below 130 cycles. Middle register has most volume and 
harmonics. High register gives rather pure tones. Harmonics least prominent of any 
instrument tested. 

Trumpet—L.F. fairly important. Lowest register has greatest high frequency “blatt.” Tones 
purer at higher pitches. Inappreciable noise. 

Bass Saxophone—L.F. not very important below 90 cycles. Highest register rather unmusical 
and unpleasant. Considerable blowing and key noise. 

Bassoon—L.F. fairly important. Prominent reed noise on lower register. Moderate key slap. 

Bass Clarinet—L.F. very important. Tone goes to very high frequencies on upper register. 
Prominent reed noise on lower register becoming blended with tone on upper register. 

Clarinet—L.F. very important. Medium range has largest harmonic content. Highest range 
gives much purer tones. Moderate blowing and reed noises at very high frequencies. 

Soprano Saxophone—L.F. very important. Powerful harmonics making very harsh tone. 
Moderate reed noise above 10,000 cycles, less than that of clarinets. 

Oboe—L.F. important. Most “reedy” tone of all tested. Tone extremely rich in harmonics of 
high order, especially middle register. Noises blended with tone. 

Flute—L.F. very important. Middle register has most harmonics. Highest register produces 
almost pure tones. Much blowing and mechanism noise on highest register. 

Piccolo—L.F. very important. Middle range most musical and free from noise. Highest few 
notes are very powerful but are practically pure tones. Much blowing noise and rumble on 
all registers. 

Footsteps—No important frequencies below 100 cycles. High frequencies up to about 10,000 

or 12,000 cycles required. 
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Handclapping—No important frequencies below 150 cycles, but requires the entire audible 
range on the high frequency end. Sounds fairly natural with 8500 cycle cut-off. 

Key jingling—bunch of 22 keys shaken on 4” wire loop—No important frequencies below 
500 cycles but requires entire audible range on the high frequency end. Tone very un- 
natural with 8500 cycle cut-off, 


It is felt that the caliber of the playing was such as to render the com- 
ments and measured frequency ranges generally applicable. These 
ranges probably represent extreme conditions, for the observers were in 
effect situated unusually close to the instruments, they were listening 
under most favorable conditions, and they had only to pick out a 
particular distortion. 

The piano was the only instrument which did not require the repro- 
duction of its lowest fundamentals for perfect fidelity. Therefore trans- 
mission of 40 cycles—the lowest note of the bass viol—was required, and 
this was found to be ample for the percussion instruments. However, as 
the 80 per cent marks indicate, little was lost when frequencies below 
60 cycles were not reproduced. 

Many of the instruments produced noises that extended to high fre- 
quencies, but only the oboe, violin, and snare drum were thought to ex- 
tend their tone ranges to the upper audible limit. The action of bows on 
the strings and the clatter of reeds in the reed instruments produced 
very prominent noises of high frequency. When the lips were used as 
reeds the noises were much less prominent. The noises indicated for the 
flute and piccolo were produced by the impact of the air from the lips 
against the embouchure opening. As a group the lipped instruments 
produced only moderately high frequencies; the other groups all had 
some instruments producing frequencies extending to the upper audible 
limit. An upper cut-off of 10,000 cycles did not affect the tone of most of 
the instruments to a marked extent, but every instrument except the 
bass drum and tympani was affected by the 5000 cycle cut-off. A fre- 
quency range of 100 to 10,000 cycles was shown to be entirely satis- 
factory for speech. 

Between the 80 per cent marks the bass viol required the greatest 
range—7 octaves—and the piccolo required the smallest range—4 
octaves. 

Noises in particular were characterized by high frequencies. Hand 
clapping and key jingling were both found to be very definitely changed 
by the 13,000 cycle filter, and informal listening tests on several other 
noises indicated that high frequencies were very prominent. Probably 
many noises also contain important frequencies below 100 cycles and 
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transmission of the entire audible range would seem much more impor- 
tant for noise reproduction than for reproduction of musical sounds. 


Part II 


The measurements of the quality changes produced by the filters 
were made using the same apparatus but a different testing technique. 
The 18 piece orchestra furnishing the music was made up as follows: 
3 first violins, 1 second violin, 1 viola, 1 ’cello, 1 string bass, 1 flute, 
1 oboe, 2 clarinets, 1 bassoon, 2 French horns, 2 trumpets, 1 trombone, 
1 drummer. The players were seated in concert arrangement with the 
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Fic. 6. Quality of orchestral music as function of cut-off frequency. 


violins about 8’ from the transmitter. Ten engineers experienced in 
quality judgments acted as observers. In these tests the filter conditions 
were always presented as “B” and the observers were asked to rate the 
quality of the “B” condition numerically, considering the “A” condition 
to possess a quality of 1.0. The ratings could be either less than 1.0, in- 
dicating a degradation, or greater than 1.0, indicating an improvement. 
Conditions were switched A-B-A-B—, continuing until all observers 
had obtained a judgment, but the filters were presented in perfectly 
random order. Therefore the observers were never informed as to what 
filter was being tested; they only knew that “A” represented a quality 
of 1.0 and “B” a condition to judge. 

The orchestra played the Strauss waltz, “The Beautiful Blue Dan- 
ube,” for the first test. It was orchestrated so that most of the instru- 
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ments played most of the time. All filters except 30 and 40 high pass 
were presented to the observers. From the results a list of filters which 
all observers had rated as better than 0.5 was compiled for presentation 
during a second test. This time the music was “In The Village,” a com- 
position of Godard. It was a selection in which many instruments had 
solo parts and in which therefore the character of the music changed 
rapidly. 

The average ratings for both runs are plotted in Fig. 6. The two sets 
of data agree reasonably well except at the extreme ends where differ- 
ences are small and the judgments are greatly affected by particular 
instruments. Clearly the quality rises rapidly as the cut-off is extended 
upwards to 8000 cycles, or downward to 80 cycles, but outside these 
limits the results are inconclusive. Out of 370 ratings recorded, only a 
scattered 13 were greater than 1.0. In general, therefore, it must be con- 
cluded that reproduction of the full audible range was preferred. 

The curves of Fig. 6 do not define acceptable frequency ranges 
directly, but the method with slight changes would give them. The ob- 
servers would be instructed to judge whether for any particular applica- 
tion the range being heard would be satisfactory. However, these 
curves, coupled with the general experience of engineers and musicians 
should aid in determining acceptable ranges where direct tests are im- 
practicable. 

CONCLUSION 

The author is not familiar with any published results of comprehensive 
listening tests that can be compared directly to these data. However, 
the audible ranges here presented have been compared with physical 
measurements! of peak sound output of a number of the instruments. 
The physical measurements give the peak amplitudes in octave ranges 
below 500 cycles, and in half octave ranges above this point, whereas 
interpolation between these limits was possible in selecting the audible 
ranges. On the other hand, auditory masking must play a part in de- 
termining the audible cut-off points. Considering these limitations to 
comparison, the two sets of data are consistent on every instrument 
tested in common. 

The more important results of the tests are considered to be as fol- 
lows: 

1. The piano was alone in producing tones with inaudible funda- 
mentals. 


' “Absolute Amplitudes and Spectra of Certain Musical Instruments and Orchestras ” by 
L. J. Sivian, H. K. Dunn and S. D. White, Jour. Acous. Soc. of America, January, 1931. 
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2. Audible frequencies down to 40 cycles were produced by the 
musical instruments, but reproduction only to 60 cycles was con- 
sidered almost as satisfactory. 

3. It was found that transmission of the highest audible frequencies 
was needed for perfect reproduction of musical instruments, mainly 
because of the noises accompanying the musical tones. A 10,000 cycle 
upper cut-off had slight effect upon the tone quality of most instru- 
ments, but a 5000 cycle cut-off had an appreciable effect upon all except 
the large drums. 

4. The quality of reproduction of orchestral music continued to im- 
prove materially as the lower cut-off was extended to about 80 cycles 
and the upper cut-off to about 8,000 cycles. Reproduction of the full 
audible range was preferred to any limitation of band width. 

5. Noises required reproduction of the highest audible frequencies. 
A 10,000 cycle cut-off caused appreciable reduction of naturalness on 
common noises. It was felt that this cut-off probably would never pre- 
clude recognition of a noise. 


The results seem to necessitate no radical revision of the qualitative 
ideas entertained by many acoustical engineers for some years, their 
value lying rather in the quantitative corroboration they supply. 
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A NEW ACOUSTIC ANALYZER—DETERMINATION OF 
THE SOUND SPECTRA PRODUCED BY 
AIRCRAFT IN FLIGHT! 


By L. P. DELsAsso 


California Institute of Technology, and 
University of California at Los Angeles 


ABSTRACT 


An Electro-Mechanical Frequency Analyzer has been adapted to the determination of the 
sound spectra of aircraft in flight. The complex source of sound is converted into potential 
fluctuations by a microphone and high quality amplifier. The output of the amplifier is applied 
to a modified quadrant electrometer, the needle of which forms part of a sharply resonant me- 
chanical circuit. The natural period of the mechanical circuit is made continuously variable by 
a tri-filar suspension and can be determined from a single micrometer reading. An analysis of 
a complex source is made by observing the amplitude of vibration and natural period of the 
mechanical circuit for each component. By a previous calibration of the instrument these 
observations are sufficient to determine the amplitude and frequency components of the com- 
plex sound. The instrument has been used to measure the sound spectra of typical passenger 
and military planes in flight. 


During the summer of 1927 some preliminary work was undertaken to 
determine the practicability of using acoustic methods for measuring 
the altitude of aircraft. An attempt was first made to determine, with 
the aid of a portable oscillograph and amplifier, the sound spectra pro- 
duced by typical planes while in flight. Records were obtained which, 
while they made possible an estimate of the frequency range to be ex- 
pected, required an inordinate amount of labor for their interpretation 
under all operating conditions. It became obvious after several such 
tests that an instrument capable of making an analysis while in flight 
was needed. The size, weight, or fragility of the available electrical 
analyzers rendered them impractical for this special work. It is the pur- 
pose of this paper to report the theory, design, and calibration of an 
analyzer which has been found well suited for use in aircraft, and which 
it is believed may find other applications in the laboratory. 


THEORY 


In common with other acoustic analyzers this instrument consists 
principally of a sharply resonant system which is capable of being tuned 
to the various components of the complex sound to be analyzed. It 
differs from similar instruments in that the resonant system is me- 


! This work has been made possible by the financial assistance of the Daniel Guggenheim 
Fund for the Promotion of Aeronautics Inc. The use of the Goodyear Blimp, V olunteer, was 
kindly donated by the Goodyear Zeppelin Company for this preliminary experimental work. 
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chanical rather than electrical. The details of the resonant system are 
as follows: A small aluminum needle and concave mirror (Fig. 1) is sup- 
ported by three fine tungsten wires (a:) (a2) (a3) (Fig. 2). Tension on the 
system is regulated by a micrometer head through an elliptic spring 
(Fig. 2). The angular separation of the wires (a2) and (a;) can be ad- 
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Fic. 1. 


justed by a second micrometer (Fig. 2) through two radius arms. The 
needle, mirror and wires constitute a sharply resonant mechanical 
system when vibrating about an axis through (a;). The natural period of 
the system is determined by the moment of inertia of the needle and 
mirror and by the restoring torque supplied by the suspensions. The 
restoring torque is due partly to the twisting of the suspensions but 
principally to the bifilar action of the two lower ones (a2) (a3). The man- 
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ner in which the natural period of the system varies with the angular 
separation of (a2) and (a3) can be seen from the following considerations. 

In Fig. 3 let the points A and B represent the points on the needle to 
which the suspensions (a2) and (a3) are attached. 

2b = the distance from A to B 

a = the length of the suspensions (a2) and (a3) 
2@ = the angular separation of the suspensions (a2) and (a3) 
G) = torque per radian supplied by the suspensions to the needle 







ANGLE TENSION 


MICROMETER 


STRAIGHT FILAMENT LAMP 


If we let A’ and B’ represent the points A and B after the element has 
been turned through a small angle ©, and assume that the wires do not 
stretch, a slight motion (/,) of the element parallel to (a;) will result. 
The force (f) in suspension (a;) will remain practically constant for 
small displacements of the needle. Applying these conditions it is pos- 
sible to obtain an approximate expression for the restoring moment and 
natural frequency of the system. In Fig. 3 imagine a plane passed 
through the point B perpendicular to the line CD meeting it at E. 

From the geometry of the system we obtain the following relations: 
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he? = 5? — B? 
he? = a? — y2 + x2 — B? 
ho = acos¢d hy = ho — hy. 


Substituting for x and y 


h, = acos¢@ — Va? — b? — c2 + 2b cos 8. (1) 


en —™ 
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If G represents the couple to hold the rod at an angle © then the work to 
turn it through an angle d6 will be —Gd6© and the work to move it 
through a distance d/; will be fdh, giving 


ee 


—~Gd0+ fd =0 (2) 
dh, G 
do f 


Since 


hi = acoso — Va? — Bb? — c2 + 2ch cos 8. 
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and 
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Now since © is assumed small we may set sin G =© and neglect 
sin? @/2 giving as the torque per radian 
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Now substituting the value of Gp in the expression for the frequency (n) 


1 /Ge 
= Qn I 


nN 
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where J is the moment of inertia of the needle. It may be noted that 
this expression reduces to the familiar one for a parallel bifilar suspen- 
sion when we set c=, and that the natural frequency (m) increases 
rapidly with increasing angular suspension of (a2) and (as). 
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The resonant system consisting of the needle and mirror is stimulated 
electrostatically from the source to be analyzed by surrounding it with 
the four quadrants of an electrometer. The electrical connections to 
this part of the analyzer are shown in Fig. 1. For the analysis of weak 
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sounds a condenser transmitter and a high quality amplifier are used to 
supply the fluctuating potential to the needle. A potential difference of 
200 volts is maintained between the quadrants to increase the sensitivity 
of the instrument. 


Frequency Characteristics for Three Types 
of Moving Elements 


s 8 & 
MGS 


® 


Angle Micrometer Read, 
Constant Tension 





& 


fF ney in sec 
requency | peli ‘aes 


8 
3 
$ 


4200 


Fic. 7. 


The agreement between the theoretical curve obtained by assuming 
perfectly flexible suspensions and an experimental calibration of a 
system suspended by strings is shown in Fig. 4. The agreement between 
the theoretical curve and a calibration of the analyzer in which the 
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effect of torsion of the suspensions is present is shown in Fig. 5. The 
“b” distance in this instrument was fixed. A comparison of the reson- 
ance curves for the mechanical system of this analyzer and a typical 
electrical system in the same frequency range is shown in Fig. 6. The 
sharp resonance of the mechanical system permits adjacent frequency 
components to be readily resolved. The frequency range of the present 





Fic. 8. 


analyzer is from 20 to 550 d.v./sec. It is apparent from inspecting the 
expression for the natural frequency that this range can be extended up- 
ward by decreasing the moment of inertia of the needle, by using 
shorter suspensions or by increasing the “'b’’ distance. The tension may 
also be increased to this end. 


DESIGN 


The incorporation of the foregoing theory into a rugged portable in- 
strument was naturally attended with some difficulties. It was found 
that the simple construction of the element shown as I of Fig. 7 was not 
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practical because of the constant bending of the suspensions at the 
points of attachment. The construction shown as II of Fig. 7 was dis- 
carded because of the limited frequency range that could be obtained. 
Finally the construction shown as III in Fig. 7 was adopted since it is 
free from these defects. The “b” distance of the formula in this case is 
not constant but increases with the angular separation of the suspen- 
sions. The calibrations in this figure have been reduced to a common 
frequency at the lower end in order to compare the three methods of 
attaching the suspensions to the element. 
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A small concave mirror attached to the needle reflects an image of a 
straight filament lamp onto a frosted scale. The amplitude of vibration 
of the needle is measured by the spreading of this image. The resonant 
setting for any particular component is readily made by turning the 
micrometer head until a maximum spreading of the filament image re- 
sults. Fig. 8 shows a broken, and Fig. 9 an assembled, view of the 
analyzer. A double shielded box contains the two stage amplifier and 
batteries necessary to operate the instrument. The shielded box serves 
also as a base upon which to mount it. 

When used in aircraft, or under other conditions where mechanical 
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vibration is encountered, the complete unit is supended by elastic 
cords. The microphone is also elastically suspended. Fig. 10 is a com- 
plete view of the instrument as used under these conditions. 


CALIBRATION AND USE 


The calibration of the instrument for frequency was made by two 
methods. In the first the sounds from standard turning forks were 
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amplified and the setting of the angle micrometer noted which gave a 
maximum amplitude of vibration of the filament image in each case. In 
the second method the harmonics obtained by overloading the ampli- 
fier were used. The results of these two methods of calibration are 
plotted in Fig. 11. 

Calibrations of the microphones, amplifier and analyzer for intensity 
were made by a modification of the method due to Gerlach in which the 
sound pressure is opposed by electrodynamic forces. 

The analysis of a steady sound is made by turning the micrometer 
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head slowly through its entire range observing the readings at which 
the component frequencies give maximum spreading of the filament 
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image. The spread of the image in each case is a measure of the ampli- 
tude of the particular component, and the micrometer reading a meas- 
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ure of the frequency. A typical sound spectrum, that of the Goodyear 
Blimp, V olunteer, is shown in Fig. 12. This record was obtained at an 
average altitude of 1000 feet with the microphone in the center of the 
passenger compartment and the windows open. Frequency components 
which are even multiples of the angular velocity of the propellers are 
very prominent in this case. 

The analyzer has been used up to the present principally for the 
analysis of intense sounds such as those produced by aircraft in flight 
and has demonstrated its ruggedness and constancy of calibration in 
this severe service. It is believed that because of these features the 
analyzer may find other uses in the laboratory. 
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